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ABSTRACT

This work explores the design of a decimator and a Delta S{gxhg modulator for
audio bandwidths. These are the essential components dfahieend of a digital
audio system. The first part of the work explores the desigmlofv power decimator
and the second part of the work involves with the design ofrg kiggh resolutionAX:

modulator.

A decimator for a low power (90W) AY. modulator L] with 24 kHz bandwidth and an
in-band resolution of 16 bits is designed in a 1.8V, h8CMOS process. To achieve
a low power consumption comparable to that of the modulatmipus optimizations
like retiming of registers, canonical signed digits (CSDgaating for tap weights of the
filters, polyphase implementation of the filters and optisgéction of data path width
are employed. The decimator occupies an area of 0.46amuh consumes a power of

100uW from a supply of 1.8 V and is operational down to a reduceglsupf 0.9 V.

A high resolution continuous-tim&Y. modulator targeting a resolution of 18 bits (108 dB
SNR) in audio bandwidth (20 Hz-24 kHz) is designed in a 1.8 ¥8@m CMOS pro-
cess. The resolution of the internal quantizer is 4 bit aedtiodulator runs at the over-
sampled frequency of 3.072 MHz. The modulator is designed@foSNR of 108 dB
and the simulated SQNR is in excess of 115dB. The modulatarpdes an area of
0.89mn¥ and consumes a current of 548 from a supply of 1.8 V. The measured
idle channel in-band integrated noise is p¥5.,,; and the modulator is stable up to

-0.7 dBFS.
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CHAPTER 1

Introduction

There has been a huge emphasis on System on a Chip (SoC) degggnihe last
decade. In SoCs, all components of an electronic system tagrated into a single
chip. E.g. Mobile phone, personal media players, routeegaland signal processing
in such a system is mostly digital in nature. Digital sigreaks immune to noise, can be
stored easily and are easier for processing. A typical Sotaaws a core Digital Signal
Processor (DSP) for digital data/signal processing, mgrhlarcks to store data, phase
locked loops to control timing and data converters (Ana@odigital converters, ADCs,

and digital to analog converters, DACSs) to interface withris world.

An ADC is characterized by its resolution, speed and powée design described in
this thesis lays emphasis on high resolution and low powegh Ifesolution data con-
verters are used in seismic monitoring, high fidelity audigh accuracy instrumenta-
tion like strain gauges, pressure sensak3. ADCs can resolve signals as high as 20
bits in audio bandwidthsAY. ADCs are a class of oversampled converters wherein high
resolution is obtained by virtue of oversampling and negafieedback that shapes the
guantization noise out of the signal band.A%. modulator encodes the analog signal
with a smaller number of bits (1-4) at the oversampled ratedegimator (decimation
filter) is required to remove the out-of-band noise to a sdficlevel and achieve the

full resolution at the Nyquist rate of the signal.

This thesis aims at building the components dfa data conversion system for audio

bandwidth with a low power consumption.

Very low power (9Q:W), high resolution (15 bith>: modulators for digital audio have
already been proposed ift][2]. This necessitates a decimator with a correspondingly

low power in order to realize a low power analog to digitaledednversion system.



The first part of the thesis deals with the design of a low payemimator for a power
optimized continuous-timé\>. modulator for digital audio. The second part of the
thesis deals with the design of a very high resolution, 1868 dB SNR), continuous-

time AY modulator in the bandwidth 20 Hz - 24 kHz.

1.1 Organization of the thesis

Chapters 2 - 5 form the first part of the thesis about the decimator.

Chapter 2 gives a brief introduction to the concepts of decimationthieddesign targets

for the decimator.

Chapter 3 describes the architecture of the decimator and contasmgéBlcription of

various blocks in the decimator.

Chapter 4 gives information about the digital synthesis of the de¢onasing standard

cells and CAD tools. The simulation results are given in thigpter.

Chapter 5 contains results from testing of the fabricated decimatgw end concludes

the first part.

Chapters 6 - 11 form the second part of the thesis about the design of a 18 hit

modulator.

Chapter 6 contains a brief introduction on continuous-tim&. modulation and its
implementation issues. It is then followed by the desaipbf the targeted design and

the system level design details.

Chapter 7 describes the architecture and design of the continuouws-+op filter of

the modulator.

Chapter 8 describes the design of the four bit internal flash ADC andegation of

multiphase clocks for the ADC.



Chapter 9 contains the design of the feedback DAC and a dynamic elematthing

algorithm that fixes the effect of mismatch between DAC ulabeents.
Chapter 10 shows the details of the fabricated chip and top level sittafaesults.

Chapter 11 gives the measured results from the fabricated modulator chip and

concludes the design.

Chapter 12 draws some conclusions from this work.



CHAPTER 2

Introduction to decimators

2.1 AY modulation

AY. modulators are a class of data converters wherein the sgjoaérsampled and the
guantizer is placed inside a negative feedback loop. Therfédy which the sampling

frequency (;) is greater than the Nyquist rate of the signal() is termed as oversam-
_Jfs

nyq

u[n] _‘L() L) Y[n]>frrr rT/]/l o V[N]

Figure 2.1: Block diagram of a discrete-time. modulator.

pling ratio, OSR

. Figure 2.1 shows the block diagram of a discrete-tima:

modulator.

A continuous-timeAY. modulator (CTDSM) employs a continuous-time loop filter and
the sampling is done within the loop. The loop filter also welsaas an anti-aliasing
filter [3]. Figure2.2(a) shows the block diagram of a continuous-tit® modulator.

The quantizer is modelled as an additive noise source atnihat iof the quantizer.

clk(fy) le[n]
0 2@t |- T @) 9 P
{DAC

(a) (b)

Figure 2.2: CTDSM (a) Block diagram, (b) Discrete time equewvlwith additive quan-
tization noise model.



Figure2.2(b) shows the additive noise equivalent. The quantizatmsenis assumed to
be white and possess a uniform distribution. Denoting thentipation noise by|[n/],
the input signal by:[n| and the output signal by[n], the transfer function from input
to the output of the quantizer is written as

L(z) 1

V@ = e YO T

= STF x U(z) + NTF x E(z) (2.2)

x E(z) (2.1)

where STF (Signal transfer function) denotes the transten fthe input signal to the
modulator output. NTF (Noise Transfer function) denotestthnsfer function from the

guantization noise to the modulator output. They are esgkas

V(2) L(z)
STFG) = 55 =17 10 (2.3)
V() 1
NTF(Z) = E(Z) =1 —I—L(Z) (2.4)

Usually a coarse quantizer of 1 to 4 bits resolution is usée. arder of the modulator is
same as the order of the loop filter. The NTF is designed toestiepquantization noise
out of the signal band by appropriately choosing the loopffiltA typical spectrum

of the output of aAY modulator in response to a sine wave input is shown in Figure
2.3, The quantization noise is high pass shaped by the loop filtee in-band signal

to noise ratio (SNR) of the spectrum is 118 dB. Higher order ntaidts and higher
guantizer resolutions are used to obtain higher resoldto\>> modulators 8]. The

design of aAX: modulator is given in the second part of this thesis from Gérapt
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Figure 2.3: Spectrum of AY modulator, Order: 3, OSR: 64.

2.2 Overview of decimation

2.2.1 Downsampling

Downsampling is the process of reduction in the sampling o&t discrete-time signal
by dropping samples. Downsampling by a factoniéfimplies that out of\/ consecu-
tive samples) — 1 samples are discarded and one sample is retained. Corrésgignd
the sampling rate of the downsampled signal changes fiolm f, /M. This is shown

in Figure2.4.

ot ™

Original signal

T T yaln]

Downsampled signal

Figure 2.4: lllustration of downsampling by a factor of thre



Mathematically downsampling by a factor &f is expressed as

yaln] = y[Mn] (2.5)

Let Y(e/*) andYy(e?*) denote the spectrum of the signgh] andy,[n] respectively.

The spectrum of the downsampled signal can be writterdas, [

) 1 M1 w—27k
Yo(e) =+ Yy (e] M ) (2.6)

k=0

The spectrum of the downsampled signal in relationship wighoriginal signal is il-

lustrated in Figur@.5. It can be seen that the spectrum of the sigiial expands after

¥ }
3
—iﬂ —1"[ -11/3 /3 'T[ éT[ Frquency(w)
|Y4(e) 1
=21 -7 T 21t Frequency(w)

Figure 2.5: Spectrum of the downsampled signal whée= 3.

downsampling. To prevent aliasing of the sigrid(e’~) has to be restricted tﬁﬁj or
s
OM’
into this band. Anti-alias filtering along with downsamjirs termed as decimation.

Hence a digital anti-alias filter is necessary to filter gt tomponents that alias

The block level representation of a decimator which dowrnsgamby a factor of\/ is

shown Figure2.6.

— H(z l M —
x[n] @) y[n] Yaln]
AE;[Iit'grlias Downsampler

Figure 2.6: A decimator that downsamples/y



2.2.2 Decimation inAY modulation

The output of aAY modulator contains the required in-band signal and theeshapise
as shown in Figur@.3. To convert this oversampled signal to its Nyquist rate sijeal

is downsampled by a factor of OSR. To prevent aliasing of thesteml quantization
noise to the in-band the signal is digitally low pass filteeegdriori. The block level

equivalent of a decimator forAY. modulator is shown in Figur2.7.

A
Input Output
bits(f,) ~7m1] \ lOSR 757 bits(fyy,)

digital low pass filter downsampler m2>ml

Figure 2.7: Decimator for &% modulator.

2.3 Design targets for the decimator

The decimator described in this thesis is designed for a poptmized continuous-
time AY modulator [L] that was built in a 0.1&m CMOS process with 1.8V supply.
It is four bit modulator that has an OSR of 64 and operateseaséimpling frequency,
fs = 3.072 MHz. The modulator has an SNR of 93 dB in the bandwidth 20 HZtkt2z
and consumes a power of QV. A power target of 10@W is chosen for the decimator
so that a low poweAY: data conversion system can be realized. The characteristic
the AY modulator and the requirements of the decimator are tadmilatTable2.1and

Table2.2respectively.

Table 2.1: Modulator characteristics Table 2.2: Decimator requirements

Sampling rate 3.072 MHz No. of input bits 4
OSR 64 Input rate 3.072 MHz
Nyquist rate 48 kHz Output rate 48 kHz
Modulator order 3 SNR 16 bits (96 dB)
SNR(20 Hz-24 kHz) 93 dB Passband edge 21.6 kHz
Power 90 uW Passband ripple < +0.05dB
Technology 0.18:m CMOS Target power < 100pW




CHAPTER 3

Architecture of the decimator

3.1 Multistage decimation

The objective of the decimator is to sufficiently attenudte &liasing noise before
downsampling so that the in-band signal to noise ratio (SNRpt deteriorated. The
relative bandwidth of a digital signal, defined as the rafithe bandwidth of the signal
to half the sampling rate, fromAa> modulator isl/(20SR). An ideal anti-alias filter

accompanying the decimator has the following charactesist

1 0<f<1/(20SR)
H(f) = (3.-1)
0 1/(208R) < f<1/2

But in reality all filters have a transition band of finite widthd a stop band gain that is
not zero. The anti-alias filter to be realized for the deconateds to have narrow tran-
sition band. Such a filter if realized as a single filter hasrg ggh order ¢1000) B].

A high order filter operating at a high frequency consumesry igth power.

Therefore, instead of using a single anti-alias filter ofilegaat the input sampling rate
and then downsampling to the Nyquist rate, filtering and dsammpling is done in mul-
tiple stages. This is termed as multistage decimati6]. According to @.6), when

a signal of bandwidtlf, is downsampled from a sampling rateto f, /M, the aliasing
region lies centered é:t% with a bandwidth o f,. Herek takes values 0,1,2[ /2]
where|[ | denotes the ceiling function. Itis ensured that in eachestiing noise in these
aliasing bands are sufficiently attenuated by the filter pinatedes the downsampling.

The block diagram of this decimator employing multistageiehation is shown Figure

3.1



o—+—{H1(2)—{ {16 +—{H2(2)—{ $2 —~+— S —H3(@)—{ 2 + E =+

4 20 24 24 24 16
H1(z) — SINC4 H2(z) — First halfband filter
H3(z) —— Second halfband filter E —— Equalizer
S  —— Scaling block

Figure 3.1: Block diagram of the multistage decimator.

The multistage decimator employs three stages of ans-filiaring. The overall down-
sampling factor of sixty four is divided as 16, 2, 2 in theseéhstages. The first
stage filter before the initial downsampling (16) is a cascaflfour moving average
filters (SINC4 filter). This filter operates at the maximum rgte A moving average
filter can be implemented with only adders (without coefficimultipliers) and helps in
saving power T]. The remaining filtering is done with halfband filters andaavdsam-
pling factor of two is employed after each filté§][ The equalizer corrects the droop
caused by the SINC4 filter. The scaling block restores theasignfullscale of the
AY. modulator. It is intended to have linear phase responsdédécimator, hence all
filters used in this design have symmetric finite impulse oasp (FIR) characteristics.

Each block and its implementation is described in detaiherest of this chapter.

3.2 SINCA4 filter

The simplest form of digital low pass filtering is averagingconsecutive samples.
Averaging N samples is done with a moving average filter/SINC filter. Tiaagfer

function of anN tap moving average filter is

Hz) =14z 4224234 420D (3.2)

An N tap SINC filter hasV — 1 complex zeros distributed equally around the unit circle

in the Z plane as shown in Figui&2

10



Im(Z) 4

Re(2)

Figure 3.2: Zeros of a 16 tap SINC filter in tieplane.

The signal is downsampled from 3.072 MHz to 192 kHz by a faofaixteen after the

first stage filtering. According t&(6) the alias bands are located at integer multiples of

fs

6 The tap length of the SINC filter is chosen &s= 16 so that the complex zeros

that creates nulls are located at the center of these almsba
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Figure 3.3: Frequency response of the SINCA4 filter(aliasargls in gray).

Attenuation provided in the stop band can be increased byadasy SINC filters. A

third orderA>> modulator shapes the quantization noise at its outp(t asz—')3 [3].

11



Hence the quantization noise power spectral density iseseavith frequency ag?.
Sufficient attenuation of the shaped quantization noise thveentire band is obtained
with a cascade of four SINC filters (SINC4) that ha?lqaroll off [8]. The frequency
response of the cascade of four sixteen tap SINC filters (S)MGhown in Figure3.3.
The shaded areas in the frequency response are the nosmaghbands for the SINC4

filter.

3.2.1 Hogenauer structure

A convenient implementation of the SINC4 can be obtained byifyimg the filter

transfer function in3.2) by introducing a pole and a zeroat= 1 [7].

H1(z) = F‘Zmr — { ! r 121 (3.3)

1— 271 1— 271

H1(z) along with the downsampling of sixteen is implemented in s8ieps as shown
accumulators differentiators

1674 4 4
E'Z_l] llG = l11_1] - llG ~[1-2]
-Z -Z

Figure 3.4: Implementation of SINC4 as Hogenauer structure.

Y

o . . _ 1\

in Figure3.4. At first, the accumulation operanr(sl—_l) are done at the rate
—Z

fs. Then, the operatiofi — z—16]4 and the downsampling of sixteen are implemented

with cascade of four differentiators - ~z~') working at f,/16. This structure is called

Hogenauer structurd].

3.2.2 Pipelining and retiming of SINC4

The accumulators are first pipelined by inserting a regiatehe input of each accu-
mulators as shown in Figui@5. The registers are then retimed to a single register in

the forward path of each accumulatog. [Hence the glitches in combinational adders

12



in one accumulator are prevented from propagating to thé aeoumulator, thereby

reducing unwanted switching power.

Retimed accumulators

Figure 3.5: Retiming and pipelining of accumulators for povesluction.

Input | 4 1+ 1+ 1]+ 5 |
—(Oz H o)z )z ) 2+
! f, + f, + f, + f, i
"""""bfﬁélfﬁiﬁb_r_e_gjiét_e_r__Z_._l_"_""": __________________________
O £ 1
! 1 1 1 1 :
| Z y Z Z |
i f/16 /L f/16 f/16 f/16 !
) ) ) PRI

__________________________________________________________________

Figure 3.6: Implementation of the SINC4 filter.

Similarly the pipelining register at the output of the fdudaccumulator (refer Figure
3.6) prevents the switching data @t propagating through the differentiators. It is de-
termined through simulations that retiming of the regisiarthe accumulators and the

pipelined register saves 46 % of power in the SINC4 stage.
Overflow in the accumulators does not cause signal distoitithe signal representa-

13



tion is based on wrap around arithmetic (binary, 2’'s comgletyand all register widths

are chosen according to the relationship [

Bit width = By, + klogaN (3.4)

Here B;, is the input bit width (4 bit binary)k (4) is the number of cascaded SINC
stages anaV (16) is the tap length of the SINC. Hence all the registers hosen to be

20 bit wide.

3.3 Halfband filters

Halfband filters are a class of equiripple FIR filters witherdv,,,=4P +2, where
Pe{1,2,3..}. Halfband filters have a gain of 0.5 at one fourth of the clogk f
quency (. /4). Hence the maximum downsampling factor that can occur aftealf-
band filtering is two. The middle sample of the impulse resgoof a halfband filter is
0.5 and the impulse response is symmetric about this sa@gietap weights are zero

and hence there is a reduction in the number of multipliersleyed.

The signal at the output of the SINC4 filter is at four times thyg st rate (192 kHz).
Two halfband filters along with the downsampling by a factbtveo after each filter
downconverts the signal to its Nyquist rate. The ordersehifband filters are chosen
such that the overall passband ripple of the decimator istcained tot+ 0.05 dB and

the aliasing noise does not cause degradation in the in-Bhifi

The first halfband filter is chosen to have a wide transitiamoba\ tenth order halfband
filter that has a stop band attenuation of 60 dB is chosen. filiteis operates with the

clock frequency of 192 kHz. The aliasing band lies in theoagi2 kHz to 96 kHz.

The second halfband filter provides the final filtering bettesignal is downsampled

to its Nyquist rate (48 kHz). The filter is designed to havemovatransition band and a

14



stop band attenuation of 50 dB. A fiftieth order filter is chasEmis filter operates with
the clock frequency of 96 kHz. The aliasing band lies in thggae 24 kHz to 48 kHz.
The frequency response of the first and the second halfbaesfdre shown in Figure

3.7. The aliasing bands of each downsampling operation is shgidsy.

20

Halfband2

Halfband1

Magnitude Response (dB)

~100f b e

-120 ‘
0 20 40 60 80 100
Frequency (kHz)

Figure 3.7: Frequency response: The first and the secorabnalfilters.

3.3.1 Implementation of the halfband filters

This section deals with various optimization techniquest tire implemented in the
halfband filters which aid reduction of power and hardwaree Three techniques that

are employed in halfband filters are

1. Polyphase structure
2. Canonical signed digits encoding

3. Optimal data width in arithmetic units

The signal in halfband filters and subsequent other block€acoded in 2’'s comple-

ment.
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3.3.1.1 Polyphase structure

Any filter followed by downsampling can be implemented as §mpwase structure
[4][9]. The input data stream is split into multiple phases. Therftransfer function
Is also split into multiple parts and each transfer funcoperates on each phase of
the signal. Outputs from all these phases are combined wupeothe filtered and
downsampled version of the signal. Each individual phaseaips at the downsampled
rate and hence the effective frequency of operation of ttez f# reduced thereby saving

power.

Implementation of a halfband filter as a polyphase struagtuexplained by the follow-
ing illustration. Let the filter transfer function li&(z) and the downsampling factor be

two. LetG(z) be represented as

G(z) = Z a;z”" (3.5)

L
=0

The transfer function is split into two phases as giver8is)(

G(z) = {ao tasz 2 a4+ + aLz_L} +
271 {a1 + a3z72 + a5z*4 + ...+ aL_lz*(L*m}

= G(2) + 271G,(2) (3.6)

Polyphase implementation of the filtering and downsampérexplained in Figur&.8.

The circuit that splits the input data into odd and even daams is shown in Figure

3.9. It can be seen that the filtef% (»'/?) andG,(2'/2) work at half the clock rate.

16
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Figure 3.8: Polyphase structure in halfband filters.

Xn] D Q D QF——X.[n]
fclk
—Op>> >
fclk/2 r
D Q > Xe[N]
>

Figure 3.9: Deserializer: Splits data into even and oddstse

3.3.1.2 Canonical Signed Digits

In a binary representation of a number, digits are eitherl0 an signed digit representa-
tion of binary numbers, digits belong to the triplef.,0,1}. Signed digit representation
of a number is not uniquelp]. For example, the number 7 can be written in following

ways in signed digit representation.

0o 1 1

—_
no

o = 7

(

1 0 -1 1), =7
1 -1 1 1)y =7
(

—_
e}

0 1), = 7
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Encoding a binary number in signed digits representatich suat it contains the fewest
number of non-zero bits is called canonic signed digit (C2M) [Hence encoding the
tap weights of a filter in CSD reduces the number of multipliadabperations that saves
hardware and power. Unlike the signed digit representatiemCSD representation of

a number is unique.

The CSD representation is also applicable for fractional lmensu For €.90.4375 =
2-1 — 27% Truncation of tap weights to finite number of CSD alters tremjfrency
response of the filter. The number of CSDs in tap weights isd@eldby the accuracy of
the frequency response (passband ripples). In this desirdasign, the tap weights are

fourteen bits wide.

3.3.1.3 Data width in halfband filters

In order to ensure proper filtering of the quantization nmdsalfband filters, the digital
signal should support adequate dynamic range. More the euailbits in the filtering

operation, higher is the dynamic range of the filtered sigmahigh dynamic range
filtering is required to ensure adequate suppression of disenn the aliasing bands.

The minimum number of bits required is explained with thephal Figure3.10

A
oL — q, bits
— (0, bits
%)
2
QO
S N, (f)
= RdB
g
g No()
0.25f 0.5f;  Frequency

Figure 3.10: Filtering of quantization noise floor.

The quantization noise Power spectral density (PSD) of gadligignal, with fullscale

0dB, quantized tq, bits at a sampling rate 1Hz i8,(f) = 10-50/1°, To attenuate
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a small band of its quantization noise BydB, the quantization noise floor has to be
lowered by increasing the number of bitsjpqRefer Figure3.10. Hence for the filtered
signal the quantization noise PSDA&(f) = 1079/19 |t can be concluded from

Figure3.10that

R =10 logio %ﬂ; (3.7)
or qo=q;+ g (3.8)

It can be seen that every extra bit handles 6 dB more dynamgeran filtering. The
signal to be filtered has a resolution of 96 dB £ 16). It is found that a 48 dB attenua-
tion of aliasing noise (with respect to the in-band noiserjl@sufficient to preserve the
in-band SNR. Hence the internal states of the filter (addedshaultipliers) are twenty

four bit wide (o = 24).

3.3.1.4 Implementation details of the first halfband filter

The block diagram of the polyphase implementation of the liaéfband filter is shown
in Figure3.11 The P, block pads four LSBs to the data path to increase the dynamic
range to 24 bits. The tap weights of the filtég, b,, b4, b5 are symmetric about the

middle samplés; = 0.5.

even samples -1
ples. 7
-1
Z
INPUT ¢ de- bo
serializer
20 [ ]
|- _1 |- _1 ]
odd samples ~ Z . Z PSUM5 by

Figure 3.11: Polyphase implementation of the first halfbftet (10** order).
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The output of the filter is obtained from the internal state8/ M0, PSU M2, PSU M4,
PSUMS5 as shown in Figur@.12 The tap weights are less than unity and hence are
expanded in powers af ' with CSD encoding. 2~ in the tap weight corresponds to
right shifting the signal by dropping its. LSBs. Hence a tap weight multiplication is
obtained by adding and subtracting right shifted signalss multiplication is further
nested based on Horner’s rulg.[ This reduces the effective right shift operation and
hence the effect of truncation noise. Forg?—2°—2"7 = 273{1-2"1(271+273)}.

This nested multiplication requires extra shifting opiemag compared to the non nested
multiplication. However no explicit hardware is requiredmplement a shifter because

shifting involves dropping LSBs.

274+2731-27[1-2 *(1-27)]}
PSUM4—»(X

231212 +2%)
PSUMO

e

PSUM5 X
21

Figure 3.12: Obtaining output from the internal states.

3.4 Equalizer

It is required for the decimator to have a passband gain énadris constrained to
+0.05dB. The equalizer is an FIR filter that corrects the passloop caused by
the SINCA4 filter B]. The equalizer works at the Nyquist rate. The magnitudparse
of the equalizer is inverse that of the SINCA4 filter in the imd&0-24 kHz). A thirty
fourth order FIR filter is chosen for equalization. The tapghés of the equalizer are
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found usingParks McClellanmethod. As in the halfband filters, the tap weights are
encoded in CSD and multiplications are nested. FiQui&shows frequency response
of the equalizer, the passband frequency response of trgualieed decimator and
the equalized decimator. The inset shows that passbank&sipp the decimator is
constrained tat 0.05 dB. After equalization the signal is rounded from 24 bit4.6

bits by dropping the eight LSBs.

—— Equalizer Response : : ‘
0.5H - - = Unequalized Response|----- e T oo
------ Equalized Response 3 ; 3
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Figure 3.13: Frequency response of the Equalizer, the @aliegd & the equalized dec-
imator.

3.5 Scaling block

A AY modulator has a maximum stable amplitude (MSA) at which thakpSNR is
obtained. Beyond the MSA the modulator goes to instability tie SNR reduces and
finally approaches zer@]. MSA is expressed in percent of fullscale. At peak SNR the
output swing of the modulator is MSA fullscale. In order to achieve the peak SNR

at the Nyquist rate, after decimation and truncating theaitp appropriate number of
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bits, the signal has to swing to its fullscale. Hence theaignscaled by{ﬁ to obtain

fullscale swings at the output of the decimator.

The AY modulator in L] has an MSA around 85 % of the fullscale. The output of the
modulator swings fully in its available range due to the pree of large quantization
noise. At the output of the first halfband filter, the maximuotput swing is found

to be 85 % of the fullscale, same as the MSA of the modulatomceehe scaling is
done after the first halfband filter where the quantizatioisé@s attenuated to a level
comparable to the noise floor in the in-band.

_;_ -2 fo—1 -2 (-1 371 _ o9-2
S = 5ge0s = L2 {27' 4272 (27" +27 [1-277))}

The scaling value is kept slightly smaller th@ﬁx to prevent overflow. The presence
of passband ripples in other filters and the fact that thendatdr operates with a finite
number of bits can result in a overflow when the filter processsignal of amplitude
that is close to the fullscale. This scaling value is encadedSD and implemented

with Horner’s rule.
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CHAPTER 4

Synthesis of the decimator

The decimator is designed in a 0,48 CMOS process with a 1.8V supply. To make
it easy to port the design to different processes, handataliircuitry is avoided. The
design is developed with standard cells using automated @ABB.t The behavioral
description of the filter is written a hardware descriptianduage (Verilog) at register
transfer level (RTL) abstraction. The CAD tools that are usediesigning and testing

the decimator are tabulated in Talldl

Table 4.1: CAD tools used for the decimator design

Tool Purpose
MATLAB System design and modelling
Design Compiler (Synopsys) Synthesis
SoC Encounter (Cadence) Place & Route|
Prime Time (Synopsys) Timing verification
Prime Power (Synopsys) Power analysis
Modelsim (Mentor) Simulation

4.1 Description of design flow

The preliminary design involves testing the decimator inTHAB to ensure that the
SNR performance is satisfactory. The resolution of arittieregperations in MATLAB
Is the precision of the computer (usually 32 bits). The dpson of the decimator is
then coded in verilog with the appropriate bit precision esatibed in earlier chapters.
An initial simulation of the entire system is carried out liyslating the verilog code

with the toolModelsimto verify the functionality and SNR performance.



The verilog netlist of the design is then translated to a [gae netlist using the todbe-
sign Compiler All design constraints such as load capacitance, aregmpéwquency

of operation are given during this synthesis.
In Place & Route the CAD tool performs three major tasks

e Place the layout of standard cells according to the floor plan
e Clock tree synthesis (CTS)

¢ Route the design to meet the timing

The timing closure is ensured after place and route Wiime Time The design is
ensured to be devoid of setup, hold, reset removal andaikérfhe violations. The
design after place and route, with the annotation of intemeat delays, is simulated
and verified for functionality. The layout of the final desigrshown in Figuret.1 The

area occupied by the decimator core is 0.46°mm

Figure 4.1: Layout of the decimator chip.
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4.1.1 Synthesis & simulation results

The input test stimulus for the decimator is obtained thlosighulations in MATLAB
with the help of theAX: toolbox [3]. The signal is translated to corresponding verilog
format for simulating it with the netlist obtained after 8¢a& Route. The spectrum of
the output signal is obtained and SNR is evaluated at the iSytpte. The decimator
is tested for SNR performance with sine wave excitation &§edent frequencies. A
sample spectrum from the output of the modulator is shownigargé 4.2 The peak

output SNR of the decimator is 95.8 dB.

T

R I

Spectral Magnitude(dB)

0 5 10 15 20
Frequency (kHz)

-150 *

Figure 4.2: Simulated spectrum of the decimator output, SMRB-dB.

4.1.2 Power estimation

The power consumption of a digital circuit depends upon thiéching activity in the
circuit. The signal dependent power consumption of a digitauit is analyzed us-

ing the toolPrime Power The power consumption is estimated based on observing
the switching activity at all nodes in the circuit. A valueactye dump (VCD) file that
represents the switching activity of a circuit for a park&uest vector is generated us-
ing Modelsim The toolPrime Powerestimates the power using this VCD file and the
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gate level netlist. The power consumption of the decimatovarious test inputs is

tabulated in Tabld.2 It is seen that the power consumption of the decimator dbesn

Table 4.2: Power consumption for various test inputs

Test stimulus Power (W)
Tone at 1.6875 kHz 96.7
White noise 100.9
Zero input 99.7

depend upon the type of input. This is because a sequentaitts toggling activity
depends mainly upon the clock rate. The power consumptiasambus blocks of the

decimator is given in Tablé.3.

Table 4.3: Power consumption of the blocks of the decimator

Block Power (uW)
SINC4 46.4
First halfband 5.9
Second halfband 14.1
Equalizer 15.2
Scaling block 2.3
Clock tree 12.7
Total 96.7

4.2 Level translator

The power consumption of any digital circuit can be reducgddaucing the supply
voltage in trade off for the speed of operation of the systins.intended to make the
decimator work at a supply smaller than 1.8V to reduce poMee logic levels of the
output from the decimator is converted to 1.8V with a levahsiator. The schematic

of the level translator is shown in Figude3.

The level translator has a static power consumption if igiilogic 1 voltage is lesser
than 1.8 V. Hence PMOS transistors with a large thresholthgel{’r = —0.72V) are

used to reduce this static power consumption.
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Figure 4.3: Schematic of the level translator.

Through simulations it is found that a single level trammlatonsumes a power of
245 nA from 1.8 V supply at fast-fast transistor corner whrexmel translating an alternat-
ing data that has logic levels 0.9V and 0V at a frequency oft48 kKHence the power
consumption of seventeen level translators (digital dutjata and clock) consumes a
power of 7.5:W. The power reduction in the decimator core at a reducedlgupp
expected to be much larger than the increased power consumiptevel translators.

Hence the overall power consumption of the decimator is eegkto reduce further.

27



CHAPTER 5

Measured results from the decimator chip

5.1 Testsetup

The block diagram of the test setup is shown in Figbue An FPGA is programmed
to emulate the output of thaY modulator [L]. The FPGA generates the four bit data
synchronized to a 3.072 MHz clock along with the RESET sigidle output signal

from the decimator is captured with a logic analyzer.

Adjustable
voltage regulator

TPS74401 1.8V

From
FPGA
—

3 VDD VDD VDD l ! kout
reset | & core LT  buf u| sn7anuC162aaf QY
e | | TO
L | ' Logic Anal
—— > ogic Analyzer

Input data| < DECIMATOR ) ! ! g y
——] = 4 /| SN74AUC16244 H—f—>
4 7 16 | ! 16 data
______________ |
Buffer/
Level translator Buffer

Figure 5.1: Block diagram of the test setup.

A two layer PCB is designed to test the chip. Provision is madadjust the supply
voltage of the decimator core. Figube2 shows the picture of the PCB designed for

testing the chip. The following measurements are made.

e To evaluate the SNR from the decimator’s output spectruma tone input.

e Compare time domain samples from simulation and measureoream impulse
input.

e Scale the decimator core’s supply voltage ensuring rediapkration and observe
the power reduction.



AR RN R E]

Figure 5.2: Picture of the test PCB.

5.2 Results from the fabricated chip

Figure5.3shows the spectrum obtained from the output of decimatdtezkby a sine

wave input.

L ————,

-100

Spectral Magnitude (dB)

-125

0 4 8 12 16 20 24
Frequency (kHz)

-150 : :

Figure 5.3: Measured spectrum of the decimator’s output.
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It is found that the SNR computed from this spectrum matckestly with the SNR

obtained from simulations. It is also verified that the tin@éin impulse response
samples from the chip matches with the impulse responselsaroptained through
simulation. The impulse response samples from the chiprandgimulation are shown

in Figure5.4.

o 300y e
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Figure 5.4: Comparison of the impulse responses.

5.2.1 Power measurement

At the nominal supply of 1.8V, the power consumption of thg@as 104,W. This

matches closely with the simulation estimate ofil®8. It is observed that the chip is
functional correctly down to a power supply voltage of 0.9 Wem the system is running
at 3.072 MHz. The power consumption of the decimator andebel kranslator across

multiple supply voltages is given in Tabfel

It is observed that the power reduction obtained in the ®i®&i4% at the supply volt-
age of 0.9 V. The power consumption of the level translatdnemthe core supply is

0.9V is very high (12.7 times larger than the simulated estén It is found that the
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Table 5.1: Power consumption for various supply voltages

Core power Decimator Core Level Translator (1.8V)
supply(V) | Current(A) | Power(uW) | Current( 4A) | Power(uW)
1.8 58 104.4 ~0 ~0
15 46 69.0 0.3 0.54
1.2 36 43.2 13.2 23.8
1.0 29 29.0 37.8 68
0.9 26 23.4 53.8 97

threshold voltage of the fabricated PMOS transistors ausually very low 0.3V in
comparison to its nominal value ef0.72 V) resulting in a large static power consump-

tion. To avoid this a level translator with latching actiemreferred12)].

5.3 Summary

A low power decimator has been designed and implementedtigthelp of standard
cells. All levels of optimizations are carried out in thelatectural level and automated
with CAD tools to obtain quick design. The power consumptibthe decimator has
been made as same as its modulafdrwhich proves that it is possible to design a
decimator with as low power as recently published low po&r modulators. As the
decimator is functional down to 0.9V, the power consumptian be further reduced
by generating 0.9V from a 1.8V supply. Talle gives the performance summary of

the decimator.

Table 5.2: Performance summary of the decimator

No. of input bits 4

Input rate 3.072 MHz
No. of output bits 16
Output rate 48 kHz
SNR 96 dB
Passband edge 21.6 kHz
Passband ripple <+0.05dB
Power consumption(1.8V supply)  104,W
Technology 0.18:m CMOS
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CHAPTER 6

AY. modulator fundamentals

Analog to digital converters (ADCs) are systems that coraeranalog signal to digi-
tal bits through sampling and quantization. An analog digmat is bandlimited to a
frequency () can be perfectly reconstructed from its discrete-timemamif the sam-
pling rate (f,) is greater than its Nyquist rate i.¢, > 2 f,. This principle is referred
to as the Nyquist-Shannon sampling theorem. Quantizingiigitude of the discrete
samples can be treated as an addition of an error to the akigignal. This error,
called the quantization noise, is assumed to be randomehat@d with the original
signal, uniformly distributed and to have a white spectriilmese assumptions become
less valid when the quantization interval (difference lestwadjacent quantization lev-
els) becomes comparable to the signal amplitude. The béxek tepresentation of an

ADC is shown in Figures.1

clk(fs) / e[n]
>~ JI.f || vIn] y[n] - v[n]

y(®)

quantizer

Figure 6.1: Block level representation of an ADC and its adeliuantization noise
model.

The quality of the digital signal depends on the strengtthefjuantization noise which
in turn depends on the quantization intervgl,. The mean squared value of the quan-
tization noise is}?,/12. The term signal to quantization noise ratio (SQNR) which is
the ratio of mean squared value of the signal to the mean sdualue of the quan-
tization noise is a measure of the quality of the digital algri-or an/N bit ADC that

A

has its fullscale (quantizer saturation limits)4fthe quantization interval i$7,, = 5x.

Hence the maximum SQNR of a sine wave signal that swingscaliscan be expressed



as

SQNRypmae (dB) = 6.02N + 1.76 (6.1)

6.1 Continuous-timeAY. modulation

The quantization noise spectrum of a sampled and quantigedl it its Nyquist rate is
shown in Figures.2(a). The total quantization noise poweli§, /12. The quantization
noise spectrum of an oversampled and quantized signal versimFigure6.2(b). The
in-band quantization noise power of the oversampled signal bandwidth off; is

V2, ) . . . V32
5 . This can be written in terms of the oversampling rati 2.
12%/2ﬁ Ping %géSR

Total noise power=V?/12

Power
spectrum

> f

f, fJ2
(@)

Total noise power=V?/12

Power
spectrum

- f
b (b) fs/2

Figure 6.2: Quantization noise spectrum (a) Nyquist réteQOversampled rate.

Doubling the sampling rate reduces the in-band quantizaitase power by a factor of
two and hence increases the SQNR by 3dB. The effective nunibés¢.V, ;) of the

conversion is defined using.Q) as

SQNRynax (dB) — 1.76
6.02

Neps = (6.2)

The quantization noise in the in-band can be further attexauby placing the ADC

inside a negative feedback loop. This process is cal&dmodulation.

Figure6.3 shows the block diagram of a continuous-tith& modulator (CTDSM). It

has a continuous-time loop filtel( s), that has a large gain in the bandwidth of interest.
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Figure 6.3: Block diagram of a continuous-timd&: modulator.

The signal is oversampled and quantized to multiple levglghk internal ADC. The

DAC feeds back an analog signal back to the loop filter.

Usually a coarse internal ADC of 1 to 4 bits resolution is usBge quantization noise
of the internal ADC when referred at the output is suppredsethe large gain of
the loop filter. Hence large SQNR of effective number of biNs4;) of 20 or higher is
easily achieved. The required noise transfer function (N3 Bbtained by appropriately
choosing the loop filter transfer functidi(s). Higher order loop filter provides more
suppression of the quantization noise and have aggressise shaping. For an'™
order loop filter having noise transfer functioN;['F(z) = (1 — z~1)%, the in-band
noise power is approximatelyL §].

|7 1
P = lsb ]
© 122041 (OSR2L+1> (6-:3)

It can be seen that for a given ordé)) of the modulator the in-band quantization noise
power reduces a&.+ 3 dB for every doubling of OSR. Hence higher sampling rates are
required to increase the effective number of bis;) for a given signal bandwidtlyy).

The in-band quantization noise power can also be reduceattbyasing the order of

the modulator. Modulators with order greater than two ary conditionally stable
[14]. For higher order modulators, the internal ADC gets owadlled even for an input

to the modulator which is much smaller than the fullscalehefADC. This reduces the

maximum stable amplitude (MSA) of the modulator.

34



6.1.1 Advantages ofa CTDSM

In discrete-timeAY modulators (DTDSMs) the loop filter is a discrete-time filéerd
the sampling is done outside the loop whereas in CTDSMs thpefilber is a continuous-
time filter and the signal is sampled inside the loop. CTDSMs @referred over

DTDSMs for the following reasons.

1. CTDSMs possess inherent anti-aliasing property whichieltes the need of an

external anti-aliasing filterl3]. The loop filter behaves as an anti-alias filter.

2. The sampling is done at a less sensitive node of the loopcédeny imperfections

and errors due to sampling are shaped by the NTF.

3. CTDSMs can operate at a much higher clock rate compareddcetie-time mod-
ulators [L3]. The loop filter in a CTDSM which is usually implemented witt+ a
tive RC integrators oy, — C' integrators has less stringent requirements for the

settling of the op-amps in comparison to a discrete-timeutaidr.

6.1.2 Performance measures

6.1.2.1 Signal to noise ratio

Signal to noise ratio (SNR) is the ratio of signal power to titegrated noise power in
the in-band. The signal is usually a tone whose frequen®@sselr tharf,. The in-band
noise power is evaluated from the spectrum of the modukatmstput by integrating
the noise power in the bandwidth @ Signal to noise and distortion ratio (SNDR)
Is a term that is the ratio of signal power to the sum of theenpmwver and distortion
components. Hence the effective number of bis¢) of the digitization process is

modified as
SNDRax(dB) — 1.76
6.02

Negp = (6.4)
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6.1.2.2 Dynamic range

There exists a range of input amplitudes for which the ouNR of the modula-
tor is positive. As the input signal amplitude increasesnfr@ small value the SNR
increases proportionally. The input amplitude to the maADC/quantizer that con-
tains the signal and the shaped quantization noise alseases proportionally. When
the input amplitude reaches a critical amplitude, termetth@snaximum stable ampli-
tude (MSA), the internal ADC gets overloaded and as a relselirtodulator tends to be
unstable. Figuré.4shows an example plot of the input to the internal ADC as thatin
amplitude to the modulator is ramped slowly. The MSA is ab88 % of the fullscale

at which the input to the ADC starts increasing rapidly.

=
(@)
[«2]

=
o
~

[EnY
o
N

=
(@)
o

Quantizer input
normalized to fullscale

Modulator input normalized to fullscale

Figure 6.4: Plot of input to the internal ADC when the modaitanput is a slow ramp.

For signal amplitudes larger than the MSA, the SNR rapidbpdrto zero. The ratio of
maximum signal amplitude to the minimum signal amplitudewbich the SNR of the

modulator remains positive is termed as the dynamic rangg ¢Dthe modulator.
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6.2 Design targets for the CTDSM

A large SQNR with effective number of bits of the order of 20noore can be easily
achieved in audio bandwidths withY>. modulators. However, the circuit performance
of a CTDSM is limited by electronic noise of resistors and siators in the circuit, the
nonlinearity of the feedback DAC and the loop filter, clodkeji and excess loop delay.
The performance summary of a CTDSM that is designed for 1%bilution in audio

bandwidth is given in Tablé.1

Table 6.1: Performance summary of the CTDSIY [

Signal bandwidth/Clock rate 24 kHz/3.072 MHz
Dynamic range/SNR/SNDR 93.5dB/92.5dB/90.8 dB
Active area 0.72 mnt
Process/Supply voltage 0.18um CMOS/1.8V
Power dissipation 90uW
Figure of merit 0.049 pJ/level

This work targets to design a CTDSM to achieve SNR of 108 dB (&Y scaling the
design [L] for noise and addressing various nonidealities. The de&iggets for the

CTDSM are given in Tablé.2

Table 6.2: CTDSM design specifications

Signal bandwidth 20Hz - 24 kHz
SNR/Dynamic Range 108 dB
Quantizer fullscale 3V,pd

Technology 0.18um CMOS
Supply voltage 1.8V

6.3 Nonidealities in a CTDSM

This section contains a brief description of various bloska CTDSM, viz. the loop
filter, the ADC and the DAC and addresses the effect of varmmusdealities in these
blocks and other system level issues like clock jitter armkeg loop delay.
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6.3.1 Clock jitter

If a clock of time period!” is jittery then its edges occur ai” + At[n] whereAt[n] is a
random variable and € (0,1,2,3 - -). Hence the sampling instance which is defined by
the clock edge has an uncertainty. The sampling uncertthatyoccurs in the internal

ADC and in the feedback DAC in a CTDSM is illustrated in Fig6t&.

—_—— e e ——————

y[n]

DAC Output

€apc }: :/7,'?/ DAC clk
|
111 ADC clk —
|
I
n |7 |7 Error

1 = |
— = T — —
At[n] At[n]
sampling jitter in ADC sampling jitter in an NRZ DAC

Figure 6.5: Sampling error due to clock jitter in ADC and DAC.

From Figure6.5it can be ascertained that an uncertainty in clock edgetseisuh sam-
pling error that can be modelled as additive noise sowggs andep 4 respectively

at the input of the ADC and the DAC as shown in Figér& The sampling error caused

€apc

+
=+

oVIn]

€pac

Figure 6.6: Modelling the effect of clock jitter in a CTDSM.

due to jitter in the ADC'’s clocke 4 pc, is noise shaped by NTF and its effect on the per-
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formance of the modulator is benign. The sampling error eduwue to jitter in the

DAC clock, epac, for a non return to zero (NRZ) DAC is written as

At[n]
T

epacln] = (y[n] —yln —1]) (6.5)

wherey[n] is n'" output sample of the modulator. The eregy - when referred at
the output of the modulator sees signal transfer functidirj@nd directly degrades
the in-band SNR. The in-band noise power due to clock jitteafoNRZ DAC can be
evaluated asl5|[16],

2 2
_ 05 Oisp

= / (1 — e ) NTF(e’)[*dw (6.6)

whereo?, is the variance of the clock jitter anef,, = V}%,/12 is the variance of the
quantization noise of the internal ADC. Hence multibit CTDSiHat has a smallér,,

has less sensitivity to clock jitter.

6.3.2 Excess loop delay

To obtain a certain NT{), the discrete-time equivalent of the continuous-time loop

filter L(s) must beL(z) — 1. The discrete-time equivalent of a continuous-

~ NTF(2)
time loop filter L(s) is the sampled output of the continuous-time loop filtés) whose
input is driven by a unit DAC pulse. Figu&7 gives a pictorial representation of the

discrete-time filter(z) and its equivalent continuous-time loop filtefs).

X[n] Liz) |—— YIn]
X[n]
I_‘_‘_k X[n]_ DAC L(s) _o\cko_y[n]
fs
DAC clk

Figure 6.7: Continuous-time and discrete-time loop filtarieglence.
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Let £~! denote the inverse Laplace transform &1d denote the inversg transform.
Let p(t) denote the pulse shape of the DAC af() its Laplace transform. Then the
equivalence can be mathematically expressed3s [

Z7HL(2)} = L7H{P(s)L(s)} (6.7)

t=nTs

The ADC has a finite latency which includes the regeneratioe bf latches. There is
also a finite delay in the digital path before the DAC. HenceDAE€ is clocked with a
delayed ADC clock. This latency or delay, is called asexcess loop delg¥LD). In
the presence of ELD, the equivalehtz) obtained differs from that of desired. ELD
tends to move the poles of the N outside the unit circle resulting in NTF peaking

leading to instability 17].

The exact effect of the ELD depends upon the pulse shape @A In case of an
NRZ DAC, a delay ofr results in the falling edge of the pulse to cross the sampling
instance of the ADC. Hence the order of the system increasesdf1§]. In case of an

RZ pulse shape, a delay greater than half clock period resutsiigher order system.
Excess loop delay lesser than one clock cycle can be conteenisg adding a zero
order path in the loop filter and modifying loop filter coeféinis as described i19].

Compensating for delay greater than one clock cycle is adedes Q).

6.3.3 Loop filter

The transfer function of the loop filter determines the NTFRtleé modulator. In a
CTDSM the continuous-time loop filter is usually designedwiiitegrators. Active RC
integrators are commonly used due to their linearity fogéaamplitudes. Finite gain
and bandwidth of the op-amps used in active RC integratonsadeg the performance

of the modulator.
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6.3.3.1 Effect of finite op-amp gain

Finite DC gain of op-amps results in integrators having adibiC gain. Therefore the
DC gain of the loop filter is finite. Due to the reduced DC loojing&ae suppression
of quantization noise at low frequencies is reduced. Tlsslte in a reduced SQNR.

Effect of finite DC gain of op-amps on the NTF is shown in Figér& A rule of thumb

20 T T

0 Finite DC gain

NTF(jw)

-120
-140
-160
-180

_ IR N R R I B N B S A B N A R RS,
200—4 -3 -2 -1 0
10 10 10 10 10

Normalized frequency ( w/m)

Figure 6.8: NTF magnitude response for finite DC gain of theuoyps.

is that the DC gain of the op-amps be greater than the @3R This ensures that the

additional in-band noise compared to when the DC gain isitefia less than 0.2 dB.

6.3.3.2 Effect of finite op-amp bandwidth

The transfer function of an op-amp having finite unity gaiequency (UGF)w,,, is

A(s) = % Figure6.9 shows the circuit diagram of an active RC integrator in which

: : 1 .
the transfer function of the op-amp4¥s). Letk, = /RC. The transfer function of

u
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Figure 6.9: Schematic of an active RC integrator.

the integrator is expressed as

Vo(s) —1 1
. 6.8)
Vin RC(1+ k S
(s) sRC(1+ )1+wu(1+k31)

From ©.9) it can be inferred that the gain of the integrator is modifien % to

1
—————— and the int tor h dditi | polevatl + %¢). The st
RO(L+ ) an e integrator has an additional polesatl + &) e step response

of the integrator due to a parasitic pole is a delayed ramp@srsin Figures.1Q Hence

an op-amp with finite UGF modifies the integrator gain and akases a delayy) in

the step response.

| — Infinite w, !
I —Finite w, !

______________

Voltage

Figure 6.10: Step response of an integrator having finite UGF

6.3.3.3 Variation of RC time constants

The gain(45) of an active RC integrator depends on the absolute value aksistor
and the capacitor. Due to process variations and temperahar fabricated value of the

resistors and the capacitors deviate largely from theirinahwvalue. Large variations in
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the RC time constants can potentially drive the modulatonstability. If all RC time
constants in the loop filter decrease from their ideal valthes gain of the loop filter
at low frequencies increases. As a result of this, NTF atton at low frequencies
increases. By the principle 8ode sensitivity integrahe NTF gain neay,/2 increases
[22]. This reduces the MSA and the dynamic range of the modytE@prThe opposite
occurs when RC time constants increase. The variations infNiTf 30 % variations
in RC time constants is shown in FiguBell Variation in RC time constants can be

reduced by trimming all the integrating resistors or all ifitegrating capacitors or the

both.
7 j il T
----|ldeal NTF ! !
o) — -30% RC o T EETTEERE B
+30% RC || ‘ ;
Bl e s
§ A A
L | |
E ! !
Z B R
7] S N ,’ ,,,,,,,,,,,,,,,
1 ************** - *****ﬂ**************ﬂ**************13 ***************

0.4 0.6 0.8 1
Normalized frequency ( w/T)

Figure 6.11: Variation of the NTF fof 30 % change in RC time constants.

6.3.4 ADC

The internal ADC samples and quantizes the signal from tbp foter and gives the
digital output of the modulator. A four bit flash ADC is usedtims design. A flash
ADC that has the least conversion time is usually employedAn: modulator because
the conversion time of the internal ADC determines the maxmtlock speed of the

modulator.
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A multibit flash ADC has a resistive ladder that produces #ference voltages and
latches that resolves the signal to various levels. Mismattween the transistors
in the latches and the mismatch among the resistors in th&tivesladder results in
the quantization intervals being unequal. These mismatche be modelled as an
additive error to the reference voltages. The spectrumehibdulator’'s output when
the standard deviation of the mismatch error in the referemitages is 0.25 LSB is

shown in Figures.12

0\\\\! T T T 117717 LI B T T I T I
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T SNR=118 dB; 6_=0.25 LSB||

1
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Spectral magnitude (dB)

Yoo LI NS 5 S N 0 S RS N 0 B 1 S A S B
10 10° 10° 107" 10°
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Figure 6.12: Modulator’s spectrum for 0.25 LSB error in th&rences.

Mismatch errors are in general reduced by increasing treddre device. The appro-

priate sizing of the latch transistors and the ladder ressire given in Sectio8.2

6.3.5 DAC

The DAC converts the digital output from the ADC to an analgppal that is fed back
to the loop filter. Since the DAC is present in the feedback pba negative feedback
system, the accuracy requirements of the DAC are as highaa®thihe modulator’s
performance. Mismatch among unit elements in the DAC canee$nearity in the
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DAC transfer characteristics. This is shown in Figar&3

8 |

—#—Mismatched DAC elements
U -©—|deal DAC elements
6 |

DAC output
TN

W

DAC input

Figure 6.13: Transfer characteristic of a DAC with mismattielements.

This nonlinearity in the DAC causes the high frequency guation noise to fold back
to the in-band and causes the in-band noise to increase. driimearity in the DAC
causes the output of the modulator to be nonlinearly relatéie input and hence har-
monics of the input signal are seen in the output spectrugureb.14shows the spec-
trum of the output of the modulator when its fifteen level themeter DAC elements
have 0.3 % mismatch. Techniques like dynamic element maidRB] (DEM) and cal-
ibration [24] are used to mitigate the effects of element mismatch in th€ [Details

on the sizing of the DAC elements and the DEM technique arudsed in Chapte.

6.4 Block level design

This section deals with the choice of system level parametiethe CTDSM to achieve
18 bit SNR. Appropriate choice of the noise transfer functad its macromodel sim-
ulation results are presented first. Then the details ofrggéihe circuit for noise is

given.
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Figure 6.14: Modulator’s spectrum for 0.3% mismatched DA€ rents.

6.4.1 Choice of the NTF

An oversampling ratio of sixty four is chosen which corresg® to a sampling fre-
quency of f,=3.072 MHz for the signal bandwidth of 24 kHz. The NTF is desd
using theAY toolbox for MATLAB [13]. A third order NTF with an out-of-band
gain (gain of the NTF af,/2) of 2.5 is chosen. NTF with complex zeros are chosen to

maximize the in-band SQNR. The designed NTF is

(z —1)(2% —1.999z + 1)

NTF(z) =
(2) (z — 0.4169) (2% — 0.8774z + 0.3803)

(6.9)

Macromodel simulations of the modulator that has this NT& arfour bit quantizer
gives a peak SQNR of 127.5 dB and the dynamic range is 125 dBnflsautput spec-
trum of the modulator corresponding to a sine wave input awshin Figure6.15(a)
The MSA of the modulator is estimated by simulating the mathul with a slow ramp
as input and observing the input of the quantizer. The plth@Quantizer input versus
the input amplitude is shown in Figuéel5(b) The input amplitude at which the quan-

tizer input crosses the fullscale and starts increasinglisajs the MSA. The MSA of
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Figure 6.15: Macromodel simulation resulfa) Spectrum of the modulator outph)
Plot of quantizer input as a function of input amplitude.

this modulator is around 88 %.

6.4.2 Designing for noise

The peak SQNR of the modulator corresponding to the NTB.i9) {s 127.5 dB. How-
ever, in a circuit level implementation the performanceh& mmodulator is limited by

the intrinsic noise from various active and passive comptsm the system. Various

noise sources in a CTDSM are

1. Thermal noise generated by resistors of integrators
2. Thermal noise generated from MOS transistors in op-amps

3. Flicker or 1/f noise generated by MOS transistors in opsam

\Voltage noise equivalent from resistors is reduced by rieduthe value of the resistor.
Input referred thermal noise (voltage) of a MOS transissaeduced by increasing the

transconductance,,, of the transistor and the flicker noise is reduced by inéngetbe

length of the transistor.
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The AY modulator is designed that its performance is limited byréimelom noise. To
achieve a peak SNR of 108 dB for a quantizer range @f5V and MSA of 88 %, the

input referred noise of the modulator is constrained by tiewing relationship.

0.88 x 1.5/1/2
Integrated noise voltage

This gives the constraint on the input referred integrates@woltage a¥.,, = 3.7 1tV p.s.
Figure6.16shows the block diagram of the CTDSM emphasizing the noistibation
from various elements. The dominant noise contributingnelats are the first integrat-
ing resistorsR;), the DAC resistorsR,,.) and the first integrating op-amp. The noise
from other components are attenuated by the large gain dirthetage when referred
at the input.

Vrefm Vrefp

as-myi, 4T T Ml

Rac14:0] _||&

V, .
by e —TRestof the ﬂ_ﬂout[mm
Vimo- + Loop filter ADC —o—om]

——

M} 3 f fas-my,

Vrefm Vrefp

Figure 6.16: Circuit diagram of the CTDSM showing the impottaoise contributing
elements (shaded gray).

The input referred noise equivalent from all these comptmisreasily evaluated with

the help of the single ended equivalent model of the CTDSM guf€6.17.

The termS,,,.(f) represents the voltage noise spectral density of the firsgiating
op-amp. The tern®,,.(f) represents the voltage noise spectral density of the first

integrating resistorRR;) and is written as
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Sidac F\)dac,equiv:Rl

)
=W
[|
Il
Ry
V.
e @WD VY Rest of the V.
S SRR loopfilter °
Svopa

Figure 6.17: Equivalent circuit of the modulator for noiseabysis.

wherek is the Boltzmann constant afitlis the absolute temperature. The te$m,.(f)
represents the current noise spectral density of the fittéemential thermometer DAC

resistors 24,.) and is written as

4kT
Sidac(f) =15 i (6.12)
Rdac
The total input referred voltage noise spectral density,j of the modulator is
Sveq(f) =2 Svrl(f) + 4Svopa(f) + 2 Sidac(f)R12 (613)

The factor of two in the first and the third terms in the abovaeatipn accounts for
the additional noise contribution in the differential irapientation of the modulator.
The input referred noise spectral density,,(f), is integrated in the desired band-

width (20 Hz - 24 kHz) to obtain the input referred mean sqdar@ise voltage\(jm).

The input resistor is chosen to be a small valug?pt 4 k). The input referred inte-
grated noise voltage due the first integrating resistoreerbandwidth 20 Hz - 24 kHz

at a temperature of 300K is

24 kHz
2

0Hz
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The first op-amp is designed so that its input integratedenaadtage in the bandwidth
20Hz - 24kHz at 300K is,

20Hz

24 kHz
\// Svopa (f)df =1 1V s (6.15)

Given the input resistoiR;, the DAC unit cell resistori? ., is chosen such that the STF
of the modulator is unity. The relationship betweep. and R, under this condition is

found as follows:

The LSB voltage of the four bit internal ADC that has its faliée of 3V is 187.5mV.

V;'e m) V;m . . .
Let/l, = f”(R) represent the current flowing through a unit cell DAC resisto
dac

Rgac. In this designV,..s,, V,erm andV,, are 1.8V, 0V and 0.9V respectively. If the

thermometer input control for the DAC has logic ones then the differential current
that is injected into the loop filter &{mI, — (15 —m)1,} = (4m — 30)I, (Refer Figure
6.17). Hence the LSB current of a differential thermometer DAQ/is. The equivalent
LSB voltage of the DAC is henc#&,, R;. To have unity gain for the modulator, the LSB
voltage of the DAC and that of the ADC has to be equal. Hellg&, = 187.5mV. This

givesR4,.=19.2 R, = 76.8 K). Hence the input referred noise of the DAC resistors is

24 kHz
2 Sigac(f)RL2df = 1.57 1V s (6.16)

OHZ

The input referred noise power from various components ®ADC are summarized

in Table6.3. The input referred noise voltage of the ADCj&.61 pV2 = 3.1 piV1s.

Table 6.3: Noise contributions from various elements

Component Input referred noise power({¥) | % of total noise power
First integrating resistor; ) 3.17 32.8
DAC Resistor Ry..) 2.47 25.8
First integrating op-amp 4.0 41.4
Total 9.61 100
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The next three chapters deals with the circuit design of miskvidual blocks of the

modulator, the loop filter, the four bit flash ADC and the themeter DAC.
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CHAPTER 7

Continuous-time loop filter

7.1 Loop filter topology

The structure of the loop filter that is used in this modulagdCIFF (Cascade of inte-
grators feedforward). Another possible topology is CIFB @ake of integrators with
distributed feedback). The block diagrams of the CIFF and Giff&ctures for a third

order loop filter are shown in Figuieéland Figurer.2respectively. In CIFF structure

Vi, + o, , Vgut

Figure 7.1: Third order loop filter: CIFF structure.

J_r,_l_ Vgut

kl k2 k3 cl k(fs)

Y

Vin + O] + 0] + O
S S S

Figure 7.2: Third order loop filter: CIFB structure.

the first integrator has a very small component of the inpgnali and its strength in-
creases along the subsequent integra@Bf [The opposite occurs in a CIFB structure.
In a CIFF structure the nonlinearities due to large inputaigomponent in the subse-
guent integrators are noise shaped. Hence the nonline&tity first integrator alone is
critical in a CIFF structure whereas the linearity of the ffest integrators are critical
in a CIFB structure?5]. A CIFF structure is chosen for the loop filter in this design t

obtain better linearity.



7.2 Integrator topology

O=——

(a) (b)
Figure 7.3: Integrator types: (a) Active RC integrator, h}C integrator.

Active RC integrators ang,,-C integrators are two of the very commonly used inte-
grator realizations. Schematic representations of anea&C integrator and g,,-C
integrator are shown in Figuie3. For a given signal swing an active RC integrator has
a better linearity due to the presence of negative feedb@hbk. linearity of the DAC

is better in an active RC integrator where the feedback DA@uius connected to the
virtual ground of the op-amp. Active RC integrators are chasdhis design to obtain

good linearity.

7.3 Realization of the loop filter

The discrete-time loop filter transfer function for the NTésdribed in §.9) is obtained

as
L) = 1 —NTF(z)  1.7043(2? — 1.322z + 0.4937)
~ NTF(z) (2 —1)(22—1.999z + 1)

(7.1)

The continuous-time loop filter transfer function is ob&drusing the equivalence de-
scribed in6.7. The DAC used in this modulator has a non return to zero (NRBgpu
shape. The equivalent continuous-time loop filter is oletdinsing thed2c command

in MATLAB.

~1.2243(s% + 0.7049s + 0.2396)

Lis) s(s2 + 0.001446) (7.2)
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This loop filter L(s) corresponds to a sampling frequency of 1 Hz. The sampling fre
guency ) in this design is 3.072 MHz. The CIFF loop filter scaled to tregtiency

fs 1s shown in Figurer.4. The feedback resistak, creates the complex poles of the
loop filter. The integrators have been scaled such that saahthe output of each inte-
grator is approximately- 500 mV. The next sections give the circuit descriptions ef th

op-amps in the loop filter.

R,
A%
idacm I Il ||
IIc, IIc, IIC,
R Vo R V., Rs Y
Vip —AA + oML BZAAA——+ omd
op-ar® op-a@ op-amp3 4><
Vi - % "NN——- & AN - 3
m J\é\{\/ Vopl R2 Vom2 R3 V0p3
. || 2 || C2 |1.Cs
idacp [l Il WA Il
R
R Ry z
Vopl y
\V} 2 T T T T TS T T T T T T T T T T T T T T :
oz v | R, - 4kQ Ry - 757kQ |
Vops— AN < V I R, - 600kQ Ry, - 797kQ 1
op3 + O Vifm : R§-500|(Q R33-118kQ :
R, op-ampS I R,-15.54MQ R; -300kQ
V0m3 * - + O V|f : :
R, P | C,-26.3pF |
Vom2 i C,-0.73pF !
v R ! Cy - 12.90pF .
om1 AN . ;
Ry

Figure 7.4: Realization of the CIFF loop filter.

7.4 Firstintegrating op-amp

Op-amps with high DC gain and large output swings are dedigasily with two stage
Miller compensated structure. The drawback of this stmects that the stability is
attained at the expense of bandwidth reduction. Feedfdnsaucture for op-amps
achieves the same bandwidth at a lesser po@r Pp-amps for all integrators in the

design are realized with feedforward structure. The bloeighm of a feedforward
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op-amp is given in Figur@.5. Transconductances,; andg,,, realize the high gain

Figure 7.5: Block diagram of a feedforward op-amp.

at low frequencies. This path has two poles and the magnitesigonse rolls off at
-40 dB/decade at high frequencies. The feedforward pathugfrthe transconductance

gma rolls off at -20 dB/decade at high frequencies and sets the finegjuency gain of
- 9m3

the op-amp. Hence the op-amp is made stable with a unity gagquéncyw, = =—.
Co

The transfer function of the op-amfis) can be expressed as

A(S) _ (gmlgm2rl+gm3> T2

1+ SC1T 14 SCaT9

9m3 SC19m3
Gm1Gmar1r2 | 1+ —) 1+ -
tomai ( Im19maT1 < Gm1gma(l 4+ —Im—)

Im19gm2T1
(14 scyry) (1 + scarg)

SC19m3
Im19m27172 <1 + —>
Im19m2

(14 scyry) (1 + scars)

(7.3)

The op-amp is designed such that its input referred intedrabise in the bandwidth
20Hz-24KkHz is uV,,,;. To reduce the flicker noise contribution PMOS transistors
are used for the input pair. The second stage is designedswifitient bias current
to provide the error current (the difference between the 4@ the input current 4
LSB DAC current)to its integrating capacitor and to proverent to the load that
comprises of the second integrator and the summing amplifiee schematic of the

op-amp is shown in Figuré.6. The open loop AC response and the loop gain of the
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Figure 7.6: Schematic of the first op-amp.

op-amp configured as an integrator is shown in Figue The performance summary

of the op-amp is given in Tablg.1

m
T
()
B 2 ¥ =~ O B . S S
=
% 0 ””””””” —loop gain [T N ]|
S -25F T 1= = -open loopf----------ooorooo-

-50 | | i 1

-90
L T S G R
[72] I I I I
] : : : :
@ =225 N

-300 i i
10° 107 10* 10° 10°

Frequency(Hz)

Figure 7.7: Frequency response of the first op-amp.
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Table 7.1: Performance summary of the first op-amp/integrat

Parameter Value
DC gain 80dB
Unity gain frequency 69 MHz
Phase margin 70°
Integrated noise (20 Hz - 24 kHz)1 iV .,
Current consumption 305uA

7.5 The second and the third integrating op-amps

The op-amps used for the second and the third integratotb@sealed down versions
of the first op-amp. The nonlinearity and the noise of thesamps are attenuated by
the large gain of the first integrator when referred to theiirgh the A>> modulator. The

schematic of the op-amp used in the second and the thirdattegs shown in Figure

7.8
vdda(1.8V)
1
:Il I~ jal ! |
Mb4 | 'L Mb3 M3 | | 1L Mm3a lEM6
|
O.SMAl ’_| I I M6a
M4 M4a R s
l Vop +AM—1— W Vom
(I%FauSAZB) Mb2 I M2 ]I H.: M2a ’@}__{ P
4pAl 1@@C1 l4pA
_ | RS
Mbl]T.' V‘p—| E/Il I-T[MS MlE' |Y"" V‘m—| E/I? M7E| |_Vip
1 uAl ll LA

Mbo:H IE/IO lZ.SuA MS:H—Vl—HIASa

! Mb4 - 4(1/1) M1Mila - 4(2/0.18) C, - 517fF :
! _ Mb3 - 4(1/1) M2,M2a - 4(2/0.18) C. - 147fF '
i Al transistor Mb2 - 1(0.75/1) M3,M3a - 8(1/1) R - 1MQ !
| %%ﬁgﬁéﬂ”s are  Mpl- 1(0.75/1) M4,M4a - 2(0.5/0.18) :
P inm MO -10(0.75/3) M6,M6a - 32(0.5/0.18) M5 - 2(2/0.18) !
[}
| ]
1

MDbO - 2(0.75/3) M7,M7a - 16(2/0.18)  M8,M8a - 16(0.5/0.5)

Figure 7.8: Schematic of the second and the third integyatpramps.
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7.5.1 Implementation of the complex poles

The zeros of the NTF are the poles of the loop filter. The otiicomplex zeros of the
NTF are realized by creating a resonator in the loop filterdfar function. A resonator
is formed around the second and the third integrator usiggthe feedback which
moves a pair of poles from the origin to 18.59 kHz. The logatdthe complex poles
in the circuit is controlled by the feedback resistBt) from the third integrator output
to the second integrator input as shown in Figti$ The complex pole frequency is

given by
B 1
B 27’(’\/ RZCQRgcg

A very large value of the resistdt, (15.54 M2) is necessary to obtain the pole at such a

fo (7.4)

low frequency. This requires a very long length of the resititat has a large parasitic
capacitance which introduces delay in the resonator loopis moves the poles of
the resonator from thew axis to its right. Hence the attenuation of the NTF at the
resonant frequency becomes finite. To overcome this protileraoncept of Y — A”
transformation is used to realize a larger equivalent t@sigith a smaller resistor at

the expense of extra power consumption. Thie* A” transformation is explained in

Figure7.9.
A Rya Ryb B A Ra1 B
Rye — Rqo Rys
Vem Vem
Y Network A Network

Figure 7.9: lllustration ofY — A transformation.

R,,R
Ryt = Rya + Ry + % (7.5)
yc

To realize a large resistanég; between nodes A and B, the third term 1Y) is made
large by choosing a smallét,.. In this resonator implementation the nodes A and B

are the virtual ground node of the second op-amp and the potple third integrator
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respectively. The implementation of the resonator is shiowfigure7.10

oVoms — TO SUMmMing amp.

Vorz
R, To op-amp2
Vom2 /\N\'

Vs To summing amp.

Figure 7.10: Implementation of complex poles with the CMFB.

The resistorsk, and R, are the part of the common mode feedback (CMFB) loop that
stabilizes the output common mode of the second stage ofhite @ap-amp. The
sum of R, and R, is 1 MQ2. The value ofR, is chosen according t&/(5) such that

it implements a resistor of value at;; = 15.54MS). The value ofR,, R,, R.

are chosen a82.85k2 ,995 k(2 | 5 k() respectively. The load for the third op-amp is
Ry + R||R, ~ Ry + R, = 1 M.

7.6  Summing amplifier

A summing amplifier is required in CIFF architecture to scald aum the output of

all integrators. The output of the summing amplifier is fedhe four bit flash ADC.
The summing amplifier needs to swing to the fullscale rafide5 V. The feedforward
op-amp that is used in the integrators cannot be employedidesrause its swing limit

is approximatelyt 2 V- (+ 1V). Hence a two stage miller compensated op-amp is used
for the summing amplifier. The output stage is designed shahit has sufficient
strength to drive the flash ADC and supply the current to tleellback resistor. The
schematic of the summing op-amp is shown in Figufel The performance summary
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of the summing op-amp is given in Tabie2

Vdda(1.8V)
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Figure 7.11: Schematic of the summing op-amp.

Table 7.2: Performance summary of the summing op-amp

Parameter Value
Open loop DC Gain 69dB
Loop unity gain frequency 10 MHz
Phase Margin 46°
Current consumption 20.5pA

Excess loop delay as described@r8.2is compensated by adding a zero order path
from the DAC output to the summing amplifier. To nullify thdeaft of the excess loop
delay, the gain of the direct path and gains of higher ord#r frmough integrators are
modified as described irl9]. An easier way of implementing the direct path without
an extra DAC is to differentiate the first integrator outpdit [ This is accomplished
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by introducing a capacitof’. in parallel with the resistoR?,;. The final loop filter’s

schematic is shown in Figuig12
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idacm [ [ [
e, I, Irc,
R Vo R V,, Rs vV
le _W + = oml\/\/\;\ + = opz\/\/\/\ + = om3 Vzp
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Vim =AW\ - + AV - + AN - + v Vam
1 Vopl R2 V0m2 R3 op3
. || C1 |LC2 ||.Cs
idacr I I WA Il
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R Ry
Vop1 AN WA
Vop2 2 | R, - 4kQ Ry - 721kQ !
Vv Y% | R3 - 500kQ 33 - ;
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Vom3 »- - =+ °V|fp | Cl - 263 pF H
e ' C,-0.73pF !
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Vv R ' C.-30.4fF ;
omd NN b . !
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Figure 7.12: Loop filter with excess loop delay compensation

7.7 Tuning of R & C variations

The high resistivity polysilicon resistor is used as thegnating resistor and the metal-
insulator-metal (MIM) is used as the integrating capacitorthe process used for this
design, the tolerance of these resistors and capacitorégére +35% and% =

+ 15 % respectively. Hence the RC time constant varies fron¥5%. to 55.25 %. As
described in sectiof.3.3.3 large variations in the RC time constants can lead to mod-
ulator instability and trimming of these elements is neags$o restore the loop filter
transfer function. The NTFs corresponding to the maximuchramimum deviation in
time constants in this process are plotted in Figuds
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Figure 7.13: NTF variation fot- 35% R variation and- 15% C variation.

In this design the integrating capacitors are trimmed byizieg the capacitor as a
combination of a fixed capacit@f; and a bank of seven switchable capacitors each of
valueC;. This is shown in Figur&.14 The total capacitance between nodes ‘A’ and
‘B’ can be vary fromC; to C'y + 7C, in discrete steps of’; based on the thermometer
control signal ctrl[6:0]. Hence the RC time constant can hastdd in discrete steps to

make it closer to the ideal value.

ctrl[6:0]

i C,[6:0]
switch W
—B

\|
A il
Cs

Figure 7.14: Integrating capacitor tuning bank.

The thermometer control ctrl[6:0] is obtained from a thréebimary signal bwc[2:0]
with the help of a binary to thermometer converter. The dipmac[2:0] is generated

external to the chip. The terminal ‘A’ is connected to theauwat ground node of the op-
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amps to ensure that the gate-source voltage of the MOSFH#grsisiconstant. Hence
the resistance of the switch does not vary even when therattagis processing the
signal. This reduces the distortion caused by the MOS swkohthree bit tuning, the

values ofC; andC/; are chosen by solving the following equations.

Cr43C, = Chreg (7.6)
C;
“t , 7.7
Cf Rtw ( )

Here C,., is the capacitor value to be realized for the integrator. t.die the time
constant to be realized angd be the time constant obtained after tuning. The value of

i X : Tes
Ry, is chosen to make” close to unity across all process corners. The ratioan be

Ti Ti

written as.
7o _ (R+AR){(Cy+ ACy) +k(C, + AC))} (7.8)
All fabricated capacitors are nominally identical, i.—%g = % = % Hence 7.9
t f
is written as, AR AC
(14+ —)1+ —)(1 + EkRp»)
Ta _ it ¢ (7.9)
Ti (1 + SRtio)

The parametet is a number which decides how many capacit6k3 &re connected in
parallel withC'y. The value of; is decided by tuning bits, bwc[2:0], aid= {0,1,2,3...7.
It can be seen that the best tuning obtained depends onlyeamutinber of tuning bits

and the ratiaRy;,.

The optimal value of?;;, is the one which evaluateg.9) closer to unity for% in the
range (-0.35t0 0.35) an% in the range (-0.15 to 0.15) with the appropriate value for
the tuning variablé:. The optimal value ofz;;, is found with the help of MATLAB.%
is evaluated forA—RR and% with in its permissible deviation to an accuracy of 0?001.
For each value of2 and £¢ the expressior(9)is evaluated to minimum deviation

from unity by correct choice of the tuning variable It is found that for a value of

Ryio = 0.293, e deviates least from unity.

Ti
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Figure 7.15: Histogram o?ﬁ for Ry, = 0.293.
Ti

For the value of;;, = 0.293 and for% and% in its permissible rangeT,—“ is evalu-
T.

7

ated. A histogram plot of this i% is shown in Figuré/.15 It can be found from this
graph that the variation in time c;nstant is constrainede;Qo 1.17;. The untrimmed
variations in the time constants (-44.75 % to 55.25 %) is ceduo+ 10 % with three
bit trimming. The variation in NTF corresponding4610 % variation in time constants

is shown in Figur&/.16

The dynamic range and the peak SQNR of the modulator areatealusing MATLAB
for both cases, with and without tuning. The results arel&ded in Table7.3. It is
found that three bit tuning is sufficient enough to reducepigormance variation by

less than 3 dB.

Table 7.3: Modulator performance with time constaft(ning

Without tuning With tuning
Corner Peak Dynamic Peak Dynamic
SQONR (dB) | range (dB)| SONR (dB)| range (dB)
Ideal 127.7 126.3 127.7 126.3
T max 114.0 119.3 125.7 126.0
7 min Modulator unstable 128.9 124.5
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Figure 7.16: NTF variation fot- 10 % variation in time constants.

7.8 Summary

A third order loop filter which has an NTF out-of-band gain d& Bas been designed
with active RC integrators. The loop filter operates at a 1.8 ppsy and has a dif-
ferential output swing oft 1.5V. All op-amps have been designed with feedforward
architectures except the summing op-amp which is a two stallgr compensated op-
amp. The first op-amp has been designed to produce low noisetBasing the bias

current and gate area. The current consumed by variousdbtdtke loop filter is given

in Table7.4.
Table 7.4: Current consumption of the loop filter
Block Current (A)
First integrator 305
Second integrator 115
Third integrator 115
Summing amplifier 20.5
Total 348.5
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CHAPTER 8

Four bit flash ADC

Sampling and quantization of the signal from the loop filkedone with a flash ADC.
The digital output of theAX>: modulator is obtained from this ADC. The primary ad-
vantage of employing multibit quantizer ik} modulators is that the total quantization
noise power reduces by 6 dB for every additional &]| It also increases the maxi-
mum stable amplitude of the converter. A flash ADC has the lessncy but has the
trade off of exponentially increased area and complexiti Wie increase in number of

levels to be resolved. A four bit flash ADC is used in the motiula

8.1 Architecture of the flash array

An ‘N’ bit flash ADC require2™ — 1 comparators ang — 1 reference voltages. The
reference voltages for the comparators are generated @ nesistor divider. The block
diagram of the four bit flash ADC implemented in differentashion is shown in Figure
8.1 A comparator output gives a logic ‘1’ output if its diffet&ad input voltage is

greater than its differential reference voltage. This foiiflash ADC gives a fifteen
level thermometer code at its output which consists of coutsee logic ‘0’ followed

by consecutive logic ‘1’. This thermometer code is conwkttebinary signal before it

is taken out of the chip.

8.1.1 Resistive ladder

The resistive ladder is a string of sixteen 10Diesistors that generates the differential

reference voltages$/. ., V,.r,) for each comparator. Large resistors are used in the lad-
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Figure 8.1: Block diagram of the 4 bit flash ADC.

der to minimize the power consumption. The differentialdtédle voltage of the ADC is

+ 1.5V and the common mode voltagéis, = 0.9 V. Hence the reference voltages for
the ladder aré/,.r, = 1.65V andV,.,, = 0.15V. These references are generated from
the supply voltage of 1.8V using a resistive divider as showfigure8.1 The voltage
drop across a resistor in the ladder is 93.75 mV. Hence theudBBge (differential) of
the flash ADC is 187.5 mV. The center node of the two resistdelérs are at the com-
mon mode voltag#.,,, = 0.9 V. Small amounts of transient currents are drawn froen th
reference ladder during the comparator operation. Hencle iedierence voltage node

Is bypassed to ground with a 1 pF capacitor to keep the refeneode voltages stable.

8.1.2 Comparator

Each comparator produces a digital output that indicatdeeiflifferential input¥{;, —
Vim) is greater than its differential referendéf;, — V,.s,). The block diagram of the

comparator is shown in Figu&2
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Figure 8.2: Block diagram of the comparator.

It consists of a regenerating latch and two 50 fF capacitostdre the reference volt-
ages. There are three phases of operation, and¢; whose timing is shown in Figure
8.2 During the phase, the reference voltages are stored in the capacitors. Thegfal
edge of the signal LATCHa is advanced with respect to thatestgnal LATCH. This

is to prevent the reference voltage ;. ,) dependent charge injection on the capacitors.

During the phase, these capacitors are floating and hence their charge isrpeelse

During the phases the inputs are connected to the bottom plates of these ¢apaand

its top plates are connected to the regenerating latch. dpacttor acts like a battery
and hence the differential voltage at the input of the lascthe difference between the
input (V;, — V;,,,) and the reference voltagg( s, — V;.,). The latch regenerates during

the phasep; and hence the sampling instance of the ADC is the falling exfgée
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signal LC ¢3). The logical decision from the latch, after regeneratissampled using
a CMOS inverter R7] with D_CLK. The rising edge of DCLK occurs 230 ps after
the rising edge of the signal LATCH. All switches in the congiar are made with

minimum sized transistors.

8.1.3 Latch

The latch used for each comparator is a cross coupled imygaite which is enabled

or disabled by the control signal LATCH. The circuit diagrafittee latch is shown in

Figure8.3
vddd (1.8V)
LATCHb __{[}10
|
LC Vp Mg'l
L LRST
Vip | ,JJ__L
M11
o
LCb
ms)|

LATCH |7

Figure 8.3: Circuit diagram of the latch.

During the track phases, the cross coupled inverters are disabled and the inpudlsign
is charged on the parasitic capacitors at nddgs&indV,,,. The cross coupled inverters
are activated during the regeneration phaseDuring the reset phasg the latch is

reset to remove its memory of its past input and hence theteas is eliminated.

At the beginning of the regenerating phasef the input voltages of the cross coupled
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inverter pairs are close to each other, the latch can berirgehwith the equivalent

circuit shown in Figure8.4. Let AV be the difference betwedn, andV, andA}j be

V, V

gmvx _—CL L ngy —:CL L

B gm:gm5+gm8

Figure 8.4: Equivalent circuit of the latch.

the value at the beginning of the regeneration phase. Theelitial equation for this
circuit is
dt RCp

JAV (8.1)

For the cross coupled inverter to regeneratgz;, > 1. The solution of this differential

equation is
AV (t) = AV, e'™ (8.2)
wherer = LA ~ ﬁ The time required to regenerate to a logic leVg),;.
is given by T}, = TIH(AZL“(;‘C). If AV} is small enough the latch does not regenerate
0

to the logic levels at the end of the phase Hence at the output of ®10S inverters,
incorrect logic decision is obtained. This phenomenon Ikdanetastabilityand is

avoided by designing the latch with small time constant

8.2 Element mismatches in the ADC

Random mismatch among the unit elements in the flash arrayegnade the perfor-
mance of the modulator as described in Sedfi@4 The main sources of the mismatch
are the variation in the threshold voltages of the transsstothe latches and the ladder
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resistors. The maximum tolerable mismatch error is foumdugh macromodel simu-
lations and the elements are sized appropriately so thatigr@atch error is within the

tolerable limit.

8.2.1 Mismatch in latch transistors

Random variation in threshold voltages of the transistoesnandelled as an additive
offset at the input of an ideal latch. The offset of a latcheints of its threshold voltage

variation is calculated as follows:

Let g,,, andg,,,, respectively denote the transconductance of the PMOS aldMOS
transistors that form the cross coupled inverter pair. A&}, and AV, denote the
variation in the threshold voltage of the PMOS and NMOS tistass respectively. The

output offset current of the cross coupled inverter paiiveigas

[off = gmpAVvtp + gmnA‘/tn (83)

Hence the equivalent input referred offset voltage is emiths

gmpA‘/tp + gmnAV;fn
Gmp + 9mn

Vorr = (8.4)

If ov,,, andoy,, respectively are the standard deviation of the variatiothreshold
voltages of the PMOS and the NMOS transistors, the standargtibn of the offset

voltage can be expressed as

2 2 2 2
\/gmpo-\/tp + gmno-Vm

(8.5)
9myp + 9mn

Ooff =

The constraint on the maximum allowaltg; ¢ is found through macromodel simula-
tions. TheAX modulator is simulated by adding a set of randomly generatiset

voltages (with a given standard deviatiopy) at the input of each latch. Thousand
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such trials are performed for a givey;; and the peak SNR is evaluated for each trial.

The scatter plot of the SNR for differeag, is given in Figure8.5.
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Figure 8.5: Scatter plot of the SNR for 1000 simulations wliferent latch offsets.

To meet the specification for the modulator, SNR — 3osnr IS made to be greater
than 108 dB. Using Figur8.5 it is decided to constrain the latch offsetf,) to be
lesser than 0.4 LSB (75 mV). Sizes of the transistors M5, M&, M8 are chosen as

0.51m/0.18um. Theoy,, andoy,, are found with the following relation

Ay, Ay,
w = ——=T1C = ——=+Cu, 8.6
Mo =y T e = G T (8:6)

HereAy,, =4.7mVjum, Ay, =4.79 mVim, Cx,=0.1894 mV(Cr, =0.5328 mV. The
transconductance of the PMOS and NMOS transistors for itiisgsareg,,,, = 81.54S
andg,., = 167uS. Using 8.9) the offset voltage is calculated ag,,, = 12.23 mV. The

latch is hence designed to havedts, much smaller than 0.4 LSB (75 mV).
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8.2.2 Mismatch between ladder resistors

Random mismatch in the ladder resistors causes the refeveliages to deviate from
its ideal value. Leb% denote the standard deviation% whereR is the ladder re-
sistor (100 K2) andAR is the deviation in the fabricated value. The maximum tdikra
oan is found through macromodel simulations. Sixteen randarhlysen resistors of
nominal value 100K and standard deviatiom% are used to generate the reference
voltages for the modulator. Thousand simulations of theutaddr are performed for a
given 0 an and the peak SNR is evaluated from the output spectrum. ditesplot of

the thousand SNR values for different valuesr(anz is shown in Figures.6.
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Figure 8.6: Scatter plot of the SNR for 1000 simulations witismatched ladder resis-
tors.

To meet the specifications for the modulator, SNR — 3osnr IS made to be greater
than 108 dB and hence the constraint on the resistors is nm}s@% < 0.2. The
matching,a%, is inversely proportional to the square root of the areahefresistor.

For the high resistivity polysilicon resistor in this prosgoar = 0.001 for a resistor
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that has its dimension ofidnx90um. The dimensions of the resistors used in the
ladder is 0.18mx13.5:m. For the chosen dimensions, the resistors are matched to

0.006 which is much smaller than the maximum toleratﬂ?e.

8.3 Clock generation for the flash ADC

The operation of the flash ADC requires a pair of non-oveilagprlocks, LC and
LATCH as shown in Figur®.2 The falling edge of LC is the ADC’s sampling instant
and the latch starts regenerating at the rising edge of LATHB#hce they must be non-
overlapping for proper operation of the flash ADC. The cloaksthe flash ADC are

generated using a non overlapping NAND clock generator asisin Figure8.7.

clk,

tinv ; ;

Ly

Ck,

Cka — ~—— — —

6 tinv-"td td

Figure 8.7: Non-overlapping clock generator.

The clock Clg is used as the LATCH signal and a slightly delayed version o4 Ck
is used as the LC signal. All the other clocks are generatad fCky, Cky, and their
delayed versions using appropriate combinational logiccokding to FigureB.2, it

is required for the DCLK to go low before the LRST pulse goes high to prevent the
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C*MOS in sampling the wrong value from the latch. The pulse Wwinftthe LRST is
wide enough to reset the comparator outputs to erase the merthe previous cycle.
The LRST and the LATCH are never made high at the same time td avatic power
consumption in the comparator. The comparator consumesall sansient current

from the supply only during the regeneration phase.
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CHAPTER 9

Feedback DAC

The DAC feeds back an analog signal corresponding to théatligitput of the flash
ADC. An ‘N’ bit flash ADC has2N — 1 thermometric code as output. A thermometer
DAC has2N — 1 unit elements which are controlled by the thermometer dutpthe
ADC. The output of the DAC is the sum of outputs from these tlmmater elements.
A thermometer DAC is preferred over a binary weighted DACawse it suffers from
lesser differential nonlinearity (DNL) compared to thedat As explained in Section
6.3.5 nonidealities of the DAC have direct impact on the perfaroeof the modulator

resulting in increased noise floor and spurious tones.

9.1 The DAC unit element

The four bit flash ADC used in this modulator has fifteen tharmater bits (out[14:0]) as
its output each of which controls one element in the thernteni2AC. A DAC unit el-
ement turns ON in one direction (source current) when thérabis logic 1 and turns
ON in the other direction (sink current) when the controlagit 0. Outputs of all unit
elements are summed at the virtual ground nadesp andidacm of the loop fil-
ter (Refer Figurer.4). The nodesdacp andidacm are at the common mode voltage,

Vi = Vaa/2 = 0.9V.

The DAC unit element can be aresistor driven by a referenitag®or a current source.
A resistive DAC is preferred over a DAC implemented with M@3Fdue to the lesser
noise from the former. This is explained with the help of Feg®.1 Let S,y (f) and

Sir(f) denote the power spectral density of the noise current ini®&S transistor



Vbias o] lldac vdd/2 R lldac vdd/2

- - vdd, 0V -

(a) (b)

Figure 9.1: Implementation of a DAC unit element: a) A cutreaurce constructed
with MOSFET, b) A current source using a resistor.

and the resistor respectively. L€l,,; denote the overdrive of the MOSFET. The noise

power spectral densities of these two cases is written as

8 21 4o
Siu(f) = ng%dt+SIF(f) (9.1)
]dac 2Idac
= 4kT ——— =4k —— 2
Sir(f) k V)2 k v (9.2)

The additional ternmt;(f) corresponds to that of the flicker noise current in a MOS
transistor. The overdrivé],,;) of a MOS transistor is usually much lesser than the
supply voltage¥,,) in a technology. Hence it can be inferred that for a given DAC
current/y,., the current noise spectral density of a resistor is mucketdhan that of
the MOS transistor. Hence a resistive DAC is chosen in thssgthe Figured.2 shows
the schematic of the differential DAC.

Vdac- Vdac+ Vdac+ Vdac-

out[14:0] out[14:0]

Ryac[14:0]

idacp idacp

X 1 16(0.241/0.18p)
Ryac : 76.8kQ

Figure 9.2: Schematic of the resistive DAC.
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The reference voltages for the DACdac+ andV dac—, are 1.8V and 0V respectively.
0.9V
The magnitude of the DAC unit cell current = 11.7187%.A. Hence the total
J 16.81 7
DAC current for 15 thermometer elements is 175.781R25The thermometer control
signal from the ADC, out[14:0], controls if a DAC unit elemesaiurces or sinks current

into the loop filter.

The reference voltages for the DAC, 1.8V and 0V, are obtaingereal to the chip.
The reference 1.8V is bypassed to ground with a 400 pF MOScdapinternal to the
chip. The series bondwire inductance (few nanohenry) dtieetpackaging of the chip
and the bypass capacitor forms a high quality resonantitintwose step response can
ring for a long time. To reduce the quality factor of the citau very small resistor
Riamp = 1562 is connected in series as shown in Figdr8 Assuming a bondwire
inductance ofL,.,, = 5nH the quality factor of the circuit at resonant frequency is

@ = 0.23 which is sufficiently lesser than unity to prevent ringing.

wa Rdamp

1.8 V"m‘—\/\/\/‘TQVdaC+
T

Rgamp - 15Q
Chyp - 400 pF

Figure 9.3: Generation of the references for the DAC.

9.2 Accuracy of DAC elements

For a resolution of 18 bits with a fullscale voltage of 3V, tH8B is 3/2'® = 11.44 pV.

The DAC elements should be accurately matched enough sathhéh mismatch er-
rors is much smaller than this LSB voltage. As discussefl.&5mismatch among
the unit elements causes nonlinearity in the DAC charastiesiwhich results in an in-

creased in-band noise floor and poor SNDR. It is found througlulations that the
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matching requirement for the DAC resistorslisc 107°% to attain SNR in excess of
108 dB without spurious tones in the spectrum. Such highlicheal resistors are im-
practical to realize in standard CMOS processes. To overtbhisiea dynamic element

matching (DEM) algorithm is used.

9.3 Dynamic element matching

Dynamic element matching (DEM) is a technique that dynalyicaarranges the in-
terconnections of the mismatched elements in each cyclbatdhe time average of
each unit elements are almost equal. Depending upon thdthlgaused for the rear-
rangement, the mismatch errors can be either convertedite whise (randomization
[28]) or be shaped out of the signal bandwidth (data weightedagveg R3]). In this

design the technique data weighted averaging is employed.

9.3.1 Data weighted averaging

The data weighted averaging (DWA) technique cycles thraliglements quickly based
on the the input thermometer code. Using elements at thermamipossible rate en-
sures that the mismatch errors will quickly sum up to zeroyimg distortion to high
frequencies23]. The DWA algorithm can be easily understood with the helpghef
diagram shown in Figur@.4. The fifteen cells in the column represents the DAC unit
elements. Shaded box indicates that the cell is being ustteinycle and the blank
box indicate that the cell is not being used. In the first cyoitea code of value ‘K’ first
‘k” elements of the DAC are used. In the next cycle if the coslan’ then ‘k+1’ to
‘k+m* elements are used. Once all elements are used up, eteraee reused again in
a cyclic fashion. The element averaging is controlled byiipeit signal and hence the
name data weighted averaging. The DWA technique providetsoliider shaping of the

mismatch errorsZ3].
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Figure 9.4: lllustration of the DWA.

For a small DC input signal, the DWA algorithm tends to reus® mismatched ele-
ments periodically. If the number of unit elements in the D&QM, then the output
spectrum of the modulator contains spurious tones at haoson f, /M. Hence the
DWA algorithm tends to produce tones at the subharmonidseoampling frequency.
In this design these tones fall outside the signal band Isecthe OSR (64) is greater

than the number of elements (15) in the DAC.

9.3.2 Implementation of the DWA

Instead of switching the unit elements every cycle, thetlooa of logic ‘1’ in the ther-
mometer code is switched in every cycle with the help of addatifter. The shifting
control to the barrel shifter is based on the previous inptaftodes. A thermometer to
binary converter converts the input thermometer code fioaflash ADC to a four bit

binary signalADCout. An accumulator accumulates this digital dat&Cout in ev-
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ery cycle and provides the shifting control to the barreitehi The shifted thermometer
code is retimed with the clock DACLK which is delayed 4.5 ns with respect to the
D_CLK. This resampled data is buffered and then controls thé&ches in the unit ele-

ments the DAC. The block diagram of the implementation of DWAhown in Figure

9.5
—
Thermometer
/5 / / >
15 1o 74 TEne
15 level Binary
thermometer ADCout
code from A
ccumulator
flash ADC e
I
! I
i |
| A |
! - sum | , |
| v »1D Q v |
| B . 4 4 :
! >~ 4dbdlt D_CLK | |
| adaer *—
! Cin Cout l
| »1D Q :
! ]
I
| D_CKL W |
|
...
/ /
157 ‘4
inputy ycontrol
Ba_rrel
shifter
DEMenable
output
>
15 D /
Q 5 DAC
/ »
15 >
DAC_CLK

Figure 9.5: Block level implementation of the DWA.

A behavioral verilog module of the DEM logic is written andtien synthesized with
digital standard cells using automated CAD tools. A provisio enable/bypass the
DWA is made with the control signal) E M enable, which is obtained external to the
chip.
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9.4 DAC resistor sizing

The minimum required matching with DWA algorithm is founaddabgh macromodel
simulations of the modulator having mismatched DAC ressstolhousand simula-
tions are performed by generating thousand sets of fiftegstoes having a standard
deviation Ofa%. The spectrum is obtained for each case and the maximum SNR is

evaluated. The scatter plot of the SNR for diﬁere% is shown in Figure®.6.
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Figure 9.6: Scatter plot of the SNR for varioau%.

On observation from the scatter plot, it is decided to camstthe matching of resistors
to 0.3%. For the high resistivity polysilicon resistor iristrprocessa%:o.l % for a
resistor with dimensions;dmx90um. The dimensions of the 76.8kresistor used in

the DAC is 2umx 145:m. This corresponds to a matching of 0.055 %.

The spectrum from the output of the modulator for 0.3 % misimed elements is shown
in Figure9.7. The ideal SNR of the modulator is 126 dB. The SNR of the modulat

when the DWA is enabled is 118 dB.
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CHAPTER 10

Layout and top level simulation results

10.1 Layout

The AY. modulator is fabricated as a chip in 0,/4& technology with 1.8V supply.
Figure10.1shows the layout, highlighting various blocks of the motlulaThe active

area of the modulator is 0.89 mnirhe total area of the die is 1.5 mm x 1.5 mm.

LOOPFILTER

BYPASS
CAPACITORS

Figure 10.1: Layout of thé\>> modulator.

10.2 Simulation results

In order to evaluate the performance of the modulator tesmissimulations are per-

formed, with various blocks of the modulator in the schematew as well as the



capacitance extracted view obtained after layout. Tramsienulations ofAY. modu-
lator are in general time intensive. Hence various comhnatof tests as shown in
Table10.1are done to evaluate the performance of the modulator. Tmalsthosen is

a sinusoid at 4.5 kHz with an amplitude of -3.5 dBFS. It is fotimebugh various test
cases that worst corners for the modulator performancelaredMOS, slow PMOS
transistor corner at temperature T€Dand Fast NMOS, Fast PMOS transistor corner
at temperature T=7CC. Tablel0.2gives the performance of the modulator in the pres-
ence of RC variation and the tuning bits bwc[2:0] approplyeset.

Table 10.1: Simulation results: SNDR for various test cases

Loop | Flash Clock DAC | Transistor | Temperature | SNDR
Filter | ADC | Generator Corner (({®)] (dB)

TT 27 121.7

sch sch ideal sch SS 0 119.5

FF 70 121.0

TT 27 119.6

sch ext ideal sch SS 0 1175

FF 70 121.3

TT 27 122.0

sch ext sch sch SS 0 121.2

FF 70 121.8

sch sch sch sch TT 27 121.7

ext ext sch sch TT 27 121.0

ext sch sch ext TT 27 116.0

sch - Schematic view
ext - Capacitance extracted view
ideal - Ideal macro model

Table 10.2: Simulation results: SNDR for RC corners with tgni

Loop | Flash Clock DAC | Transistor RC Temp | SNDR
Filter | ADC | Generator Corner Corner (°C) | (dB)

SS Rmin Cmin 0 115.9

sch ext sch sch FF Rmax Cmax, 70 123.5

TT Rtyp Ctyp 27 119.0

SS Rmin Cmin 0 114.9

ext | ideal sch sch FF Rmax Cmax, 70 119.0

TT Rtyp Ctyp 27 122.0

The spectrum of the modulator output corresponding to tmeilgenate row in Table
10.1is shown in Figurel0.2
85



|
a
o

-100

Spectral Magnitude (dB)

20 40 | 60 80 |

~150 ‘ * *
0 500 1000 1500
Frequency (kHz)

Figure 10.2: Simulated spectrum of the: modulator for a tone input at 4.5 kHz.

10.3 Power consumption

The total power consumption of various blocks is tabulatedable10.3 The most
power hungry blocks in the design are the first integratorctvitionsumes 56 % of the
total power and the DAC which consumes 32.5 % of the total paf¢he modulator.
The large power consumption in these blocks are attributetthé very small noise

contribution from these blocks to attain the 108 dB perfarogafor the modulator.

Table 10.3: Power consumption of the&: modulator blocks

Component Current (uA)
Loop Filter 348.5
Flash ADC 4.0
Clock generator 11.0
DEM Logic 12.2
DAC 175.8
Total 541.5

Table10.4gives the summary of thAY. modulator design.
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Table 10.4: Summary of thA>> modulator design

Specification Value
Sampling frequency 3.072 MHz
Bandwidth 20Hz-24kHz
Quantizer range 3 Vpp,differential
Peak SNR 108dB
Power 975uW(1.8 V)
Active area 0.89 mn?
Supply voltage 1.8V
Technology 0.18um CMOS
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CHAPTER 11

Measurement results from theA>> modulator chip

11.1 Testsetup

Figurell.1shows the block diagram of the test setup for &A% modulator chip. The

TPS74401
Regulator

| — eDEMenable
<o bwc[2:0]

w
Vdda
Vddd
Vddc

o
=
5

Agilent
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SN74AUC16244
100Q
Reg-103a
1.8V WV
Low noise —~ 330pF
regulator

Figure 11.1: Test setup of th&> modulator.

input sinusoidal signal generated using an audio precisigmal source is converted
from single ended to differential using a balun transforridre Agilent 33120A clock
source generates the 3.072 MHz clock for the chip. The meferevoltages for the
DAC (Vdac+) and flash ADC (Vadc+) are generated using a loveeebltage regula-

tor Reg-103a. The reference voltage is low pass filtered whtisizorder low pass filter



whose cutoff frequency is 5Hz. The output integrated nofsih® reference voltage
after filtering is 0.6,V in the bandwidth 20 Hz - 24 kHz. The output signal is captured
using a logic analyzer. Figurkl.2shows the snapshot of the four layer PCB designed

for the test setup.
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Figure 11.2: Picture of the PCB for testing thé: modulator.

11.2 Measurement results

Two types of measurements are performed for testing the atmtwiz. without sig-
nal (Idle channel performance) and with a sinusoidal signal
11.2.1 Idle channel performance

When no input signal is given to the input of the modulator,dbgput of the modulator

contains only the shaped noise. On integrating the noisepspectral density in the in-
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band (20 Hz - 24 kHz) the integrated in-band noise power ohtbdulator is obtained.
The differential input signal is shorted to the common modiage and the output
spectrum is obtained. Figuld.3shows the idle channel performance of the modulator.

It is found that the integrated in-band noise when the DEMisaldled is 6.5V,

-30 | | |
=40 ——DEM disabled ””””””””””””
5oL —— DEM enabled
R T

—70f ; R idaads —

,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,

Power spectrum (dB)

500 1000 1500
Frequency (kHz)

Figure 11.3: Idle channel performance of th& modulator chip.

which is 5 dB degradation from the targeted performance®©f$8..,,,. There are three
tones nearf,/2 and few tones out of the signal band which have a beat frequainc
18 kHz. It is suspected that the large jitter of the clock seus the cause of this 5dB
loss. When the DEM is enabled these tones vanish due the DEbhactd the in-band

noise floor increases, because at very low frequency the flo@r at the output of the
modulator is decided by the first order mismatch error slgapfrthe DEM. However,

the increase in the noise floor is found to be around 20 dB wikiotuch larger than the

simulation estimate.

On changing the bias currents of the loop filter, the suppliage of the loop filter, the
clock generation circuits/buffers, the reference volttayethe DAC, the frequency of
the sampling clock, all withint 5% of its nominal value, similar performance trends
and no appreciable change in the in-band integrated noiseolserved. A possible
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experiment in which the differential input signals to thedutator are left floating rather
than being connected to its common mode voltage. In thigpdie noise due to the
input resistors doesn’t contribute to the output. Furtlher ioise of the first op-amp
sees a transfer function of unity rather than a value of twendé the integrated noise
at the output of the modulator is expected to reduce to/1\86,, as per the calculations
done in Sectiorb.4.2 On the contrary the noise profile remains more or less th&sam
as observed in Figurgl.4 The in-band integrated noise in the open circuit condition
is 6.1uV,,s. This indicates that most of the noise contribution arisemfthe DAC.

It is then suspected that the performance limitation adsesto stray coupling into the

sensitive DAC reference voltage in the PCB.

_30 ! T T
‘ — Short circuited input
— Open circuited input|

T —

-50

-60
=70

Power spectrum (dB)

0 500 1000 1500
Frequency (kHz)

Figure 11.4: Idle channel performance with the differdnitputs open circuited.

11.2.2 Performance with sinusoidal input

The AY modulator chip is excited by a sinusoid at 5kHz. Two millicangles are
taken from the output of the modulator and a Blackman-Harnlaw is applied be-

fore evaluating the power spectrum of the signal. The signglitude is varied from
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millivolt to amplitudes near fullscale (3 V). Itis found thizne modulator is stable up to

-0.7 dBFS. Figurd.1.5shows the output power spectrum of the signal for varioustinp

signal amplitudes.

1 1 1 3 ——Idle channel
20 I —0.05V I
3 3 3 3 —0.1V
I I S S S —0.35V |
40 ! ! ! ! —0.75V
) 3 :
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=
=
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-120
-140
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Frequency (kHz)

Figure 11.5: Spectrum from th&>: modulator chip for a sinusoidal input at 5 kHz.

Very large harmonic distortion of the input sinusoid is fdun the output spectrum.
Further, the spectrum of the input signal spreads to maelbpis as the signal amplitude
is increased. The noise floor of the modulator remains alemsstant at smaller input
amplitudes. It is suspected that the signal source usedefwergting the sinusoid and

the single ended to differential converter limit the harmeahstortion of the modulator.
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CHAPTER 12

Conclusions

This thesis involved with the design of low power and highcgs®n components of a

AY. ADC for digital audio.

In the first part of the thesis a low power decimator of LU for audio bandwidths
(20Hz - 24 kHz) is designed in a 0.1& CMOS process with 1.8V supply. The dec-
imator is designed with standard cells using automated CAistthat helps to port
the design across multiple processes easily. The measnoteeselts from the decima-
tor chip show that the chip consumes a power of 2@0from a 1.8V supply and is
operational down to a reduced supply of 0.9V. Hence the p@easumption of the

decimator can be further reduced by generating a 0.9V supply

In the second part of the thesis a continuous-tilv}e modulator targeting a resolution

of 18 bits (108 dB SNR)to digitize the signal in the bandwidth20 Hz - 24 kHz is
designed in a 0.18m CMOS process with 1.8V supply. The measurement results
from the chip show an idle channel in-band integrated nai@age of 6.5:V,.,,, thatis

a 5dB degraded performance from the target ofd/7,,,. It is also found that thé&\ X
modulator is stable up to an amplitude of - 0.7 dBFS. From thntg of the chip so far,

it is concluded that the idle channel noise and the harmdstortion of the modulator

is limited by the jitter of the clock source and the harmonstattion of the input signal

source respectively.



APPENDIX A

Pin details of the decimator chip

FigureA.1 shows the layout of the decimator inside the pad frame. Thetionality of

each pin is described in Tabfel.

—_ —_ o —,e
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outldl 5 e s T
RESET 5 hBmEer s o Bl ie 8 I GND
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ink31 s R
ink21 i v
inE11 [r E v
intdl T+ [
Figure A.1: Decimator chip.
Table A.1: Pin details of the decimator chip.
Pin Name Description
in[0-3] Four bit digital signal input
RESET Active high reset, initializes output of all registers tgio zero
clkin Input synchronizing clock (Rising edge)
out[0-15] Sixteen bit digital output
clkout Synchronization clock for the output data (Rising edge)
VDD _CORE Supply voltage for decimator core
VDD LT 1.8V supply for the level translator
VDD OUTBUF | 1.8V supply for the output buffers
gnd Ground pin of the chip




APPENDIX B

Table of coefficients of the filters in the decimator

Table B.1: Coefficients of the first halfband filter {1@rder)
Tap weight | Value CSD
b0, b10 +0.0107421875 | +27¢ — 278 — 2710
b2, b8 —0.0605468750 | —2=* + 279
b4, b6 +0.2998046875 | +272 4274 — 2764278 _ 210
b5 0.5 +271

b1, b3, b7, b9 are zero

Table B.2: Coefficients of the second halfband filter{5grder).

Tap weight | Value CSD

b0, b50 +0.002929687500 | +2-8 —2-10

b2, b48 —0.002929687500 | —2—8 4210

b4, b46 +0.004394531250 | +278 + 211

b6, b44 —0.006103515625 | =277 4279 — 2~12

b8, b42 +0.008544921875 | 4277 42710 — 212
b10,b40 | —0.011718750000 | —26 4278

b12,b38 | +0.015869140625 | +26 4+ 2712

b14,b36 | —0.021240234375 | =27 ° 4277 4+27 9 4 2712
b16, b34 | +0.028808593750 | +2° — 279 —2-1
b18,b32 | —0.040283203125 | —27 5 — 27 —2~10 _9o-12
b20,b30 | +0.059814453125 | +2 4 — 278 4 2710 4 o-12
b22,b28 | —0.103759765625 | —273 4+ 25— 27 _ 9279 _ 9~ 12
b24,b26 | +0.317382812500 | 4224241+ 2 8 4 2-10
b25 +0.5 +2-1

bl, b3, b7,..b21, b23, b27, b29,.., b47, b49 are zero




Table B.3: Coefficients of the equalizer {34rder).

Tap weight | Value CSD

b0, b34 —0.00054931640625 | —2~ 11 —2-14
b1, b33 +0.00006103515625 | +2—1

b2, b32 —0.00006103515625 | —2—1

b3, b31 +0.00012207031250 | 4213

b4, b30 —0.00012207031250 | —2—13

b5, b29 +0.00012207031250 | +2713

b7, b27 +0.00018310546875 | +2~12 — 2714

b8, b26 —0.00024414062500 | —2712

b9, b25 +0.00036621093750 | +2~ 11 — 2713

b10, b24 —0.00042724609375 | —2~ 11 42714

bl1, b23 +0.00061035156250 | +2~11 4 2713

b12, b22 —0.00091552734375 | —2710 4 2~

b13, b21 +0.00140380859375 | +279 — 271 — 271

b14, b20 —0.00256347656250 | —279 — 2711 — 2713

b15, b19 +0.00567626953125 | +277 — 279 — 2712 4 o~

b16, b18 —0.02166748046875 | —27° + 2774279 — 2712 o-14

b17 +1.03527832031250 | +20 4275 4278 4 2713
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APPENDIX C

Reference currents for theAY: modulator

The AY. modulator needs four reference currents for biasing the dpusamps of the
loop filter. The bias current for the first integrating op-aijus1 (1 1A)is obtained
external to the chip. The bias currents for the second, thiebrating op-amps and
the summing op-amp is obtained through the current mirrowshin FigureC.1 The

master currenfref (0.51A) is obtained external to the chip.

Iref ibias2 ibias3 ibias4

lo.s HA 05 uAl 0.5 uAl 0.5 pAl

| - Ll |

All transistors : 4(0.5u/4 )

Figure C.1: Bias current generation for op-amps.



APPENDIX D

Pin details of the AYX modulator chip

FigureD.1 shows the layout of th&>: modulator inside the pad frame. The function-
ality of each pin is described in Tablz 1.

48 47, 46, 45, 44, 43 42 41, 40, 39, 38
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Figure D.1:AY modulator chip.



Table D.1: Pin details of thAY modulator chip.

Pin No Pin name | Pin description
7,8 Vip, Vim | Differential inputs to the modulator
1 ibiasl Bias current for the first integrator (@A, sink)
43 Iref Bias current for the loop filter (0,8A, source)
46,47,48 bwc[2:0] | Three bit tuning control for the capacitor bank
2 Ve Common mode voltage (0.9V)
40 Vadcref+ | Reference voltage for the Flash ADC (1.8V)
41 Vadcref- | Reference voltage for the Flash ADC 0V (gnda)
17 Vdacref+ | Reference voltage for DAC (1.8V)
16 Vdacref- | Reference voltage for DAC 0V (gnda)
35 clkin Input clock (3.072 MHz)
27,28,29,30 | adcout[3:0]| Four bit modulator output
26 clkout Output sampling clock (negative edge)
45 Vdda 1.8V Analog supply for the loop filter
32 vddd 1.8V Digital supply for the Flash ADC and the DE
36 Vddc 1.8V supply for clock generation circuit
31 Vdd_driver | 1.8V supply for the output clock and data buffers
6,9,15,18,42,44 gnda Common ground pin
34 demenable| Enable/Disable DEM (1.8 V/0 V)
33 reset Reset for DEM digital logic

Pins 3-5,10-15,19-25,37-39 are left unconnected
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